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(2) 

1 

±f a?*® 3 n/c * ^ x k was u fc^stttscr ±ka2j f 
^ ^ * *flH»*?imirr s c t «. j: «? ±t b atjt 1 y 

Zfrm^z^WiLXtezrA ^f^m^^fiST^^iiJ io 
[Ih5kj®2] jblBAzj^-f u^>vmn\tT a i>9)\s-x- 

&&m^2> c t *®m±? znim nciats©^ a 
[W*s4] jjj? * n?** 20 

* & * r a v * A©j»**j*r 

f- ^ *. c <b 1 1 *> x ^ v> % jvm 
-saw&tt. 30 

? a *m^x$> set t zmpm 4 tcia«s©^ 
mmmm.m.o>±M zmmmv^mntcm «, » 6 n & ^ 

ll«*4«tSfI«fKfc^t, 40 
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[«*3B8 ] ±iaA^r a iSZJVmmZT A 

?a *mnx&z>c.t%&mt?z>m?mi tciatg©^ 
silia. 

mmkz<iLi$.-rz¥®miicts^x. 

. ±ta»m 3 Htc^mwucm^x^mm.mf a i>$)im 

±t a A^J t= 2^ £ ;Hf^l i ilB^^r •< v z t tc 

&^>x±Mi?v*<<cttfc?z¥mmL*&\ti-rz¥m 
~?a *mnx&z c i*^8*ir-5ii*^9 tctBts© 

-sjSi^ccs^^r _tfBJ8jHig*^ii:r s c <t tc «fc 9 ±ia 

n*£j&-?z$twi&®.±zmx.zt±*:&m±-?Z7 : A 

1 n&m 12] ±ia a*^ a v * *mmz ?av$)\,* 
~7A*mnx&zzt%ifc®.b-tz>mmA lcciais 
<d^avz mm mmmm. 

[ts*3» 1 4 ] A2>7* -f s? $>\>m^z$ak? a 
ym^mmfm^^x. 



3 

.tie Kt> *>\>mmj> hmmwi^mms- z>*t-w 

— ^ a *mnx&z> c tzumt sr&m&m i a tarn 

m&m i 6 ] v vxu. 

mmt-rz?<Pf )\>mmcm^x^ k. & <o £ 

±nsm 1 <DW&imm&&icj: r> j?m stifc-hia^si^ 

-/ * ^^©^^ <h±ieifr 2 <D^&;l§#fcH3M8ic <t 

j *m^x-&zz t*mkt?zn>mi i terns, 
mm t ■? & f 4 1> % jvm^ *> srt 5 4v>$ mm^zs 

±Mmm $ nfciiB^T 1 4 v * ^m^^mm. <t±sa 
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0] iaBA^^^l'fl^tSTW^JM- 

-7 1 4 *m^T*>z c t zmb. 1 1 ztmm 1 9 saets 
[«*^2 1 3 AJj7 : 4i>-$ui>im<D$mm : $:&m?z 

±ia#£i 3 titc t> -7 x fc*ri6 L/ /c^a>j^s;-c±ia a^j ^ 
10 *> hmnzgtm ox^^^zyn ^mn^^mr z^m 

[»*«2 2i mmtTi>^4^^)im^^mr4 

20 ±&7 : 4z;tt)i<m^t±m&tiz7 : 4>>2)im j %tit&^ 

mm&2 3 ] A*>7 : 4 *s**)Vimoym s n*n-\b?z> 
±MW-m^nfc^mmcm^x±m7 : 4 *j>$)\>m^<D 

30 ±M*fi?4i>z)imni)>hMmfr*w&?zwmtfm 
w&mcmni, » x±fzm&wiz%zm-? z> c t $c £ <o ±ia 

nz&l&-?Z>Mmz.f'v7't*3ts7'ait7&*? : 4¥ 

* ^mm&mmmcmy^ &z j*.mmm. 
[ts*«2 4] mm.tti>"f4V^^mm)^^mff 4 

mm? 4 *> n^m^fs,^ t-jvl. 
40 iM^m? 4 v *)\<m^<D'mM*nm-f zsmmtm 

±Mzwm 3 titc j eMmcm-3i>x±B&.&E7 : 4i>%)vm 

±^4 >im^<D j mmzntii-?*>&fom.wmz7- 

±t mm 3 tifc±ME^y= 4i>$ )i>{m<o&&m <t ±ta 

SctB^nfeisa^-f V> $>i-{m<D$MMtlcmr}{ l >x± 

so if^mmmw. 
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[000 1] 

J&ftteMt,. U- ha >^-£X«P CM (Pulse Code 
Modulation) m^^M.W<iC*5<,>X f 4 V$M<mKMV 

©«lffl*2SB*ff ;m*t««m ^ 

[000 2] 10 

i> % )i>/r -j-utfzi A;*rf i>m<<c . y 
> #ii$i&£^©ii0ifciS«ci&g|-r -2. 7* y > 

[0003] *w^> y y > a 20 

[0004] 

>^®a<Df t s?***-*** ^m-^«. -tarn— 

^ft^©&©iiitajbUTi>ftu,, ^p>(c. « 
m s ft/c t 5 - # its-r L/ & a/ d mkffi<DT ■? a 

[000 5] */c. ?JS»lfccp5|&&'7w i? 

K&r>xUUWs.?~*om^hiv\i ^Ci*i-ctr-r. 40 
[0006] *&WiZLXt<D£LZ%mLXtj:3ntcb(D 

jitzhm^ymfi-m. ^®#&&c;-£ft6©i£g&c>* 

[0007] 

[i$J§£8?&-r£fci&©*©] A>*>£iig£jJ^Tr£;te 
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^TA#7Mi;*^©#©^X£#giU 

*{me>i8mt<m& l K-m&ztf 5 c t **-e tr & . 

[0008] 

[«BJ3<Dfli&©^J§] «THH«:-X»r. :$26W©— H 

[0009] ( 1 ) M 1 ©SlJfe©^ 
Hi^ciiur^-^^^^s^ai o«. =f4*JZ 

[0010] -r . y ^ *m^©a^g 1 0 cc 

[ 0 0 1 1 ] ®$mnmm 1 1 uxtit-^-i x^-n 
d 1 o<oc<Dt^m^t\tcmmmm(D^m.nmmm 

ZAtrtr-fj fr-ZD 1 0 (D'gmMi&B-r- £ D 1 
1 (02 (B) ) iOT^Xfl-fflSISl 4«c{*|&-r£„ 
[ 0 0 1 2 ] *fc. ^ ^^RffMtilS 1 2 «A^^F 
T,,^6«$&34t.^2 (A) {C^-rA^^-^^^T" 

5 C i(c J; K> t> 5 «fc 5 £ T£ ^-f 1 * : &&sW 
-$D 1 2*«|U1L V Ctv^^^X^fflgpi 4CC«*&-T 

[0 0 1 3] *7*#8{gfll 4«, ^7^^ffl»ag|Jl 
2{C*5t»-C^J0a3tifc^-7 r ^ ^"^r-^D 1 2(C 
Wlo-r^^^jg^^-^D 1 ltCOl^T. S^'SiK^ 

■^"■SAD RC (Adaptive Dynamic Range Coding) |5]Sgg|S 
£. 'a^lg^T'-^Dl lOS-T-S^^^n- K£2fe 

[00 14] ADRC@8§g|Jtt'ai(«i|gii»f^-^Dl 1 
5„ C©ADRC@*gSfltt. SJtSWS^b^f -5 *>©"C 

[0015] jyfcWCUS. ®&m®M±<D 6 -o© 8 t s. 
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2002-49400 



<DmB<D #5* #SgB 1 4 -CfJ-?- cDrt 6 tltc A 

T^x^S**^. MZ.it 6 -oo&mm.B'?--* ic 

*]UT 1 e» KDS^bfcjWf-f*^ 6-5<D^2*S^ 
f,f-^6K b 2' = 6 4i>7* 

DR =MAX — M 1 N+ 1 
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[0016] CCT, ADRClHliiSSiH^ ^DWStl/c 

[0017] 
[Rl] 



Q= [ (L-MIN+ 0.5) X2» /DR] 



CI) 



[00 18] OCftor. mO!)iA{iMAX<bfi/hfi 

^t«rif 5. «c*5. < 1 ) sSicfcur { } ldt/MfaA£l 
T<D*W9»r*Hi*sw*-rs. *>< o-cttttfRtttUtti 

■en-etim«8tr^ r (m=8) rrajdssn-r 

Cft6B:ADRCB&&Kfclvc*ft*ti;ftS2& 
class =Eq, (2 ')' 

[002 i ] K^-rai^iiff-r*ciccj:o, 

Uyf (q, ~q 6 ) ASIfSf^Xiipt^^^n- 
F class *t&HU- ^mt&ZtitcfvZ^- F class 
*«t^7^3- Ft*-*D 1 4£^iffl{fc£IU-*:'J 1 5 

tkT. H*tc (2) ^(Cte^-C. nlJEBStatifc^iS 

6-C*<3. ^fcPtttr? FgW^TSrSlU C©5l*fe© 
0<H©t§1=fP = 2-CfeS. 

[0022] C<D«fc5K:t/r, ^X#ffiSiU 4tt:?5 
X#S8Bfflfflgn 2SC:foC>TA*:fr~7^*7 : ~*D 1 
OjfofcWDttSftfctf-fw*^? 1 -* D 1 2«t*tl& 

■n,^mmmi-r- i> d 1 i©^7X3- f^-^d i 
4*^0. cn*fi»«^*!; 1 5«c{ft*s-r&. ★ 



[0019] C©J: i 5{c^-t:Ej«$nfc'S^^7 r " 
^^•en-etlq. (n=l-6) ifSi, i<7X»l 
SB1 4(C^W6tifc^^X3- F2fe£@S88Btt. Efi&3 

[0020] 
[82] 

(2) 

20* [0 02 3] ^iM&fU^'J 1 5t,cit. QZ^xa- F 

r FP*(c-eft-e*ifeti3ft-c*j«T. *7x#*au4 

F^-^D 1 4 tcS-3l,>-t\ 
31^5^3- FCC^tJE-T-ST Fl^KfeHSftt^S 

[0024] ^•iB'JilimgP 1 6tt. ^I'JSt^gBJtffigR 1 3 

30 £ D 1 3 (x, ~x„ ) fi«w 

[0025] 
[83] 



= Wi Xi +Wi x« +■ 



[0026] (C^-rSfaSl^tf^ C iSC J; ») . ift&Jte 

-r-f^r-^Di 6 (02 (o ) to-c^mmmt 
[0027] o<omm 

t Lxm i ic-o\,>x±Mi,id®M~7u v ?Zwl,tci)K 

cvm^n v zzmm~r zm#m®f&i: lx. com 
moimi&icte^-axm 3 icm-r ^ > e»- *tfti£©gM 

fflSS10«. /<XBUS4^l/tCPU-2 1. ROM 
(Read Only Memory) 2 2 . ■£ U 1 5 ^r^-T 

-S RAM (Random Access Memory) 1 5 . Rc>'&|BJS8Sfl#J 

-e-n-en^3nyt«^wu. cpui i«rom2 
2t l ctmstix^^>m^<o^a fvAzmfi-rzc tic 



• + w, x. 



C3) 



wspi i . a» ^ xftmrntnuw 1 2 . ^jfjss»gpttmgp 
1 3. ??*ftmm\ ti&v^mtmmi 6) <tL--c«i 

40 ft^T-Si; 5 (tfc stress. 

[0028] s/c. jj--^-^ xmntmmm ioww 
hv-^t©ra-cam*tT i 5a«-Y>f--7 J :-x2 
4 . 7uvV4?hx t^mm? 4 * ? m<mus&m 

* v b "7- i'lgSXWJ1-SPIBl®«i**>6S 1 {COO 

^. mmm&&tititc-7uif5J*ic&-,x?5xftmm 

50 [0 0 2 9 ] a-lfli. +-sl<- F-?>-5"7X^<DA^ 
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CPU2 lt,CttLXmi< l CH>X±j&Ltci> : 7Zftmtili 

0 B:r-*AtfWj8B2 7 ^^>UrW«*(Sj±3ti-J: 5 <h 
T4^— f -(^"f-i 1 (AJj^—t'j Xt'—Z) D10 
SrA^U ^A^^-^-^^^-f D 1 OfCjPftt:^ 

tf* 8 -*^ lfl*^-*Affi#.W2 7*^LTttaK<:ffl 
27bf#S <fc 5 (Cft 3 ftTl>£„ 

[0 03 0]H*iC. B4ttaT--f : ^g^jMggl 10 

tmnmmmm 1 o i«f ^"spioi 

$5S^fllK:A&<h, m< ^fy^SP 1 0 2tCfe(,>TA 

{osonrm-rs. 

[0 03 1 ] C©fffl3nfcMi»A^t-f^f 
-fDl 0©m*«-Tfe©-c*D. ^-fw^M^M 
®$|glOB. ^fv 7"SP 1 0 3JC#-?"C^vX#S 
§B1 4KJ:9^*&iliW:S^<,>T^X£#«TSo ■€• O 

rt-f^IfMili 0B^x#«©jgj&#6 20 
fla»*K*a-r. co^m^b^&^kj^^x 

1 0 B * ^ X a - F K»(6 O fc^««!H»*K*Wr C & 
Jc<fc9. C©<i£©&i^©#8ifc£gcLfc^«iJ^^ 

[003 2] TWflttt^t V 1 5 fe&tt&ttJStifc^ai 
xff7'SPi04 (ctet^r^iiJM#§l5 1 6 © 

a>< i/rA**-f y*^— *d i o«-e©^s*^# 
»#«ai^a iouxf^spio5 tcf^tgste 
[ o o 3 3 ] 3hc. xmn&mm 1 o 

ftfftfggl ltCfcWiA^^-^^^^-^D 1 OtD-S 

[0 03 4] Ti&t>^> S5(c^-rj:^K:. 
SP1 1 1 ) B^^fflMJI^JlBRT 1 tcASi. 40 

xf »ysp i(c*ji=>rii-g|5*>6A^3n-c<siE©© 

SP2 74^L-tA*l/> M<XT--y7'SP2Siy ; SP 1 
0CO£S„ 

[0035]xf 5 ^sP2 {cte^-r-ai^^aiai 1 1 
b. 06(c^-r<t^{c. ^gp^p,A^3nr<SjEfi© 

AR lOi^O^^WW^l/, :&{B1$AR2 

[0036] xf^spa (c*jt,>-ca^»maj 1 1 so 



mm 2 0 0 2 - 4 9 4 0 0 
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B> El7K^-f J:5cc. m.mmAR 1 ©A**-^-* * 
1 0©^ifa* 5 -fe'ab^Jl/<bMfeS-9->7*';>^ 
BftSftgDO 1 *>e>-€-©^CjgiH^-fefPlx^;U<!:aJ5:S 

a^axMiPf^) CR 1 ■^©^©JftAffix 1 

So 

[0037] H#{c, ^«g^tU^P ^7 A-c^es&KS 

ZffifeiDmtrji^Xii'Q. M$kkLXtj;!t>tbfrrj; J 3&m 

SMfcr&S-fefti^PXRgc R 1 ©Sg*I©§Affix l 
sSEBHIJ: 0 fcl«l>fiI<i&&*§^.tBX-7-;, ^SP4(c# 
S. £/c v £®£*Q¥lKttftt?*&«P*a;*N<b& 
*I©SAffl*igifii<i:«3*>®tr»fiI«i;) e tS»^. ^»&3&i?aj 
ffi lot. ^Kggffi<fc«3 4>i«c»<ii^sgAfiix i 

lfci&Hj-r&s-ci&wSo 

[0 03 8] X?-?7 r SP4lCk^X'smfaWto$fll 1 

b> i^ifii y>ite) iStifaftAfiix 1 # 

#£-f S-k'O^CJXfigCR l©^©-tfai'OX|fflCR2 
©&Affix2£*|ffl (07) U Xf^SP5K8 

So 

[0 03 9] Xf-?7 - SP5(CfcC^-C^i^fit|ilSRl 1 
B> ^7'SP3SO : SP4K:*>l»-Cf#6tl/i:MA 
fiix l&!>'x2«:*fL-Cf (t)=p( t, -t, ) 
$nSH^{Ci-,T»W§nfcfflicSAfflx 1 SiOfc 

So 

[0040]B*K. Wf (Dfcfc^t, r 1 2 J 
Rtf rt, J B. M^ilxlS^x 2#fffcm$*i/clJ- 

>yv>>fmrm&zm:Lx*iK>. m*.kt<i<DtizAJ] 

3*iSfI# (AAt-f^f-fD 1 0) 
>yjWBK8kHa. S^Htl 6 bit iSSlfc^ 
•fefo a x R8 <DV > B 5~20-^>^;l'i)5:Si» 
^*s^c>te&. rt, jsort, j icte(,>T&5~2 
o-y>^ui^s. r PJ ijgi(ctSLS5/< 
7^-^^*^ m«C©t^A^l3tiSff^ (A^J 
*-f t ^j|-f s >-^D 1 0) *it>7 - y>WiSi:8kH 
z » fi^{b 1 6 bit tmfeLtcm^ P = - 9 0 £ 

[0041] se^M^f (t)= P ( t, - 1, ) -c« 

5tlSffl(cSAfilx 1 *ftC/cfflB. MckUx 1 SO'x 
2W©«#*^-rJ;^K:ft3n-cfcO v ^SM^tf 
(t)=p( t, -t, ) t?^3tiS«I«:aAfiix 14* 
c?ciSi:0 fcjitfrffi x 2©fii©.a^*sA#c>J^ccB. 
«Allx 1 £« Affix 2 t<DMmg.&'J>K^ c t KJ: 
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r. c©<tt©«Ktt^r#££Affix2#i^M&K: 
£&&JS£ccti*7- ^SP5 K*5i>t:it^*sm£f#, 

m< "7'S P 6 

[ 0 0 4 2 ] C *UC*t i^tt^i x 2 rt^fSHIH&icj: 
THi*ftSfii«:«A«x l%*D/t<»J:0fefi<.^<i<!:Ad: 
SJg^ictt. xf^SP4«c4si^, BDiftfcJ: ^TSl 
SftSfiltCSAfiix 1 £*D/dBJ:D4>iSjl>fii-C&£* 
Affix 2 (07) #*fctt;**iS£r-fefD*nxRg (CR 
3 • • • CRn) ©}^Ii©SAffix2 (07) ^tHf io 

Suffix 2 i. -^SP3 iCtel,»-r^6nfc^ffl 
x 1 ±K.MLX. f ( t)=p( t, - t, ) TiSlli 

smmbxw htitcrnxux z <t o kits^ffi-e&stw 

Br 3 ft* * t*&Affi x 2 ©&ffl£J£D ig-f . 

'[oo43]xf^sP6 (cfci^r'a^^uisp i i 
«. &t&*s©<g«iffi <^>^y>y*> isnfcfc*ci 
x i j&xfwckm x 2 ffl©^- * «:» o -cswb— %mttr 

Xf-9^SP7&tfS 20 

P8(C#5. 

[0044]Xf^SP7 fCfeb»T&NIJtJiMB 1 1 
«. JfrliiMII^J&feL/fcftAffix lR^iixEiCf 

-*&u^fiffi (if>^>;>y*) ^^^-^d 1 
1 (01) ilt, *5*#«g|n4 (0 1 ) (cUttr*" 

So 

gpi n*. mi5a>6A;^ftT< sa^-tm tf^- 

C^CittAft:*-^*^-* 30 

D l o^Mt-^-cA^jSti-cc^ci^urfcO. c© 
££'S*&itg»tiiSiii i». *7-^sp3cck^t. a 

xiscr i ©tgiti©sAffix i zmv&im-? &. 

[0 04 6] CtlKSlt, ^SPSlCfc^tt 

D 1 OZ±XAt)Lmt>^ft.C t&giLXk*)^ C©<t 
#^2*&^#tHgp 1 1 W. ^f7/SP2 0 (C^oT^I*& 
i^Stffl^S#)lBRT 1 ZteT? S. 

[0 04 7] — y'SP 1 0 (Cfcl^T'S&itgg: 40 
ffigpi ltt. ^rt^A^ftSIEftWfiBtttfM&SA^ 
t-f^f-$D10CD5^, ft«a«AR2 (S6) 
©^^»©*^mRO'^Fl/, iE^ARl (0 
6) ©i-^^i-tai/^io, ^f^spiiK 

[0048]^f-^SPl HC*5l^-C^2*S^emS|51 

i«; H8tc^-r«t^{c> ©^AR2©-fefD^a^r B i 

CRM ©JSlf ©«Affix 1 1 Z&tU L. ^f^SP 
3 tPHitc&Affix l l^feS^ilS^aT-n^^AK: 



#B32 0 02-49400 
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HfiiJ; i 3 i fefi^rr6)(ciist^-c&-2)) js^(c«. 

SPl 2 tc^*). 5^iS*^6nfc (-*-fcfc*i. B9ffi 

^SP 1 10tWiai?:^4. 
[0049]Xf^SP12 (Cfc^T'Sijs&ilSfStaiSU 1 
ltt. ^fflfii (*>^U>4fjft) <t3ti/c«Afilx 1 1 
*^*txS-eo^oxpacR' l ©^©-tfa^axRac 
R' 2©^ipi©«Affixl 2£&tB (08) U xf, 
/SP13KfS. 

[0 05 0] Xf^SP 1 3 {tfc^T-Hi&fS©^ 1 
1«. :/SP5 i[BM§(cX7-y :/SP 1 IMS 

p i 2ia6i>xmtbrnt&&k.mx 1 i&o'x 1 2«:>tt 

Uf ( t)= P ( t tl - t„) X-$k2in2>mMte£-?~C 
IMHSfifcffitc^Affix 1 1 &igDfcffi#&Affix 1 2 
^^©^faKm^ffiT&S^Sfr^ltBr^S., B# 

tfCOilrA^^nSA^J^-^Y^x-fD 1 0*5-9- 

>^ v > if mmm kHz, muti 6 bit isseLfc 
p = 90ftt-tsn5. 

[005 1 ] filMRfftBtf 1 ltt. Xf^SP13K 

R3£JS**lf#£*l/t (T&fe^. f (t)=P( 

Affix 1 1 *JfSDfcffi#ygAffix 1 2 <fc«5 hMOfifoK. 

iS^ffir**) ^T-^SPUtcgo, 5 

j^*#»&nfc f (t>= P c t„- 

t tl )r«sn*IB*K:J:o-c»a.Stifcfitt:«*ttx 

1 i SrSliDfcffias&Affix l 2 J: 9 6ft<D:#fflt<:ffii>0 
r&s) ?^sp l 2jc*s(,>t > f 

(t)=p( tw-t^i) -c*3t»4ia««:j:orJWj3 

n/cfiitcsAffix i i ^mcitm**) fc©©:#i6iKm> 
ffi-cfcs&Affixi 2 (0 8) ammztizzx-eu? 

P.X|ffl (CR' 3 • • • CR' n) ©m<l©&Affix 1 

2 (08) £&UiT S. 

[0 05 2] Xf^SP 1 4<C:tolvcfittlB*H{aSl 
ltt. £l»*S©«liffi (D->"7-'J>^) ijnfcSA 
ffix 1 1 SO'SAfiix 1 2M<D-?-$HCMUXim-''X 

mm^m^m^xmmnmimu, m<^?-7^sp7 

SC/SP 1 5(C^„ 

[0 05 3] ^7=-^7'SP7(C*Jt,^r^^gimSPl 1 

«: mrn9ikm*ffiLttm:mx 1 iso*sA<iix 1 2m 
d 1 1 (01 ) tvx. ??zftms&i4 (01 ) {cm 

[0 05 4] S/c. *^9:fSP 15CCbt>T&tM8* 
WSB1 Hi. W-a5*i?>A*3tiT<SA**-7 i ^*f r 
-5»D 1 0*^TA^3tl/c*>S*>«r*li»t-rS. CCT 



(8) 

13 

©£ ft^S&fU&fflSli 1 ltt. XrvT'SP 1 IKS?-? 

A^-T^+f'-SD 1 o©:ftMi$AR 2 a>6 -fe- 
ci *Dxiui©igiti©«*fiix i i zmje&Mrz. 

[0055] cn{C*fL/T. ^f^SP 1 5(C*Jl,>T 
[0056] Z<D£ *) CC, ^f^»tHgB 1 1 «ffi^«£-a 

sc;ft^AR2-cBii otc^-r«t^!& t 
^*§!ENV6££j£3tH#&Si&8t7 i --* (fi&ifii 

[0057] yc(c. m i tc-^c^rjdajufc^iij^y-t 
g{c J: -o r If £ tc&XD^W ®mc -o^xm*? 2> . 

[ 0 0 5 8 ] m 1 1 iCfcUT. ^SH1K3 0 (J, iS#tt 

^S«^D 3 9 iCfc ^^StxfcP^f^^-ClSEiai^-^ 
* <r- 2 D 3 0 £3? 5£S5fR8 cT <h HcWi^ > K 

[0 0 5 9] C©tg£ v £»*t3yi£:7 -*.>l>#3 7tC*i 
W £ Ift *«: J: -> -C. 3 ft * "HRffiafcPAtt 0 . 

stist-f^f-ffcifts. Witt*. ±m<o*~- 

^©tf-TMtfm-si&iSi^i OKis^rAAt-f 
•/rtx-SD l 0©^Lfc^-£if>:7\a-£?t5c<t 

3 7r«7 r -^+/>7';l/^XS3-e-^fS?l 
ft toS&fr Si^cc&SftfOS. 
[ 0 0 6 0 ] *»< Lr . $i&m^£j&7 < >\> Z 3 7 
ess^-^^ ^^-^3 o*>6Bif^©r^?ifti!isi«:«j:f)^ 

tt-f^f-f 037*4^1, Ctim^iai 40 
SU3 1. f 7X»SgB»ffigP3 2RO'^S>J?H«tg6«mgi5 

3 3{c-e*i-e*i«ii£3-s. 

[006 1 ] &&IS»fflg|53 1 «£t£fg-5f£fi$:7 < >\,Z 
3 7 *>6««&3ftft:£«:i--T : .< tf-fD37 SrWJg 
^ra«<D^ (C©fUfe©ff2B&©i§^ m«61f>^ 
;M*£f £) tc#««t,ft:&. ^tt»«IStl'A:««|IIKIHIA 

[0 06 2] -a*8i^SEttiei53 UZStef-^jytr-Z 

D3 7<dc<d£ ^n^ntc^rsmmo^mniam^: so 
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7 s ^f-$D37 (DW&tmBT- ZD 3 

1 £ LT t> 7 X#gfS» 3 4 tt«*&TS . 

[ 0 0 6 3 3 £/c. ^7X^SSPWHlg!53 2 «£f£{l-S| 

^ ;u & 3 7 a>iE> 3 ntc£M * - ? a * * 
D3.7*. 'mmnimm KDm&tmwtvftmm® 

C <!: «C J: 9 f 7 X#ffi L <fc 5 <?: * S *- 5 s ^ 

^D3 2*«iaL. eft£*7X3M3 4&tftt*a-f 

[0064] i'7^»34tt, ^7^^afttffigP3 

2 «cte^r ^jo ms nfc^f*- 7 s a *mzT- z d 3 2 tc 

»ir-*D3 1 ^JiiSibTlI/ffiT 1 -*/^-^*^ 
■?"-5ADRC(Adaptive Dynamic Range Coding) 08gSB 

^■r s ^ 5 ^ 3 - f %*@ifsgc t % m? z » 

[0 06 5] ADRC®$&mz&¥M8iim7 : ~$>D3 1 

S„ CCDA DRCIsIgSgptt. ^iIt;Wfi^4t^^f 5 *><DT 

>©^7X»S©3- FJ^^ffl{Cffl(,^ 6*1-2.. 
[0066 ] Hfl#J«:«, tlJS^ig^i© 6 -o© 8 f » 

©^.®©^ 1 4 -Ctt*©rtgU(Cg:W6tl/i:A 

d r c msssurgfe^ 3 n s - i^ffiiir- * tcsm» 
m^-zzev v wm-?ct&-c$. 2' =64^5 

[0067] CCT, ADRCHHSSBja. ^OlHStl/c 

^Ht3- F*Q<bUr. ±a© ( 1 ) ^iP«©?|§@«: 
«£ •) . «^F*i©^ffiMA X i «/hffl[M I N i^ra^Jg 

Lr^&^#tfigpi CCfcC^ffffl3tl/c^i|sS^i:©6o 
(Dffl&f-Zifi, ^Wnm«8t"; h (m= 8 ) T 
*5f/?S;*ftT(,>&<fc-r5£. cn6«ADRC|5ISSg|J{c*j 

[0068] iKDjz'^coxs.m^tittnnmmmr- 
f**n-enq„ (n = i~e) i-rs^, z^xftm 

§153 4^^6^^7X3- F^PSSgfJU. ffiSI3 

tifc-a^isis^^- ^ q „ tcs-^or . ±kB© ( 2 ) 

£l3J«l©SS» : &i«f-ric:£(cJ:«3. ^©^n^i- <q 
, -q, ) &m?Z> tr5Zi7jk?t>7X^~- Fclass* 
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* 3 - > * d 3 4 %?mm&mtii&3 g tern®? 

B-r- 5 a . ©&£HU t©fl«S©JT2!g©t§£n = 6 

*g©ig^P=2T?&£ <> 
[0 0 6 9] COjc^tCOT^ ^^X^SgP3 4«d?^ 
X7>fflSMlllttaS3 2 JCfc^Ttt*) ajSilfc*- f 1 -< 
JFJt 1 - £ D 3 2 lC%tfc? Z'smWctmr- * D 3 1 ©£ 

5X3-Kf-*D3 4 ££j3t 0 . c *v^§mmm 

7X3- pf- * d 3 Afcttfavtcmmmmnf-r 

■*t»f-fD3 3 (x, . x, . x„ ) 

«i|«^S5«imB53 3 KM»^W9Hl;&lrcttl&3*.S. 
[007 0] 7WffttlMUS3 6 «. * 7X^«g|J3 4 
fr&^Snfc^^a- Fclassi. g*7^3-Kc 
lass mt£®K>MZtitc*-T-( *i8MT-2I)3 3 * 
y =wi xi +w» xi + + w„ 
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7 s - * D3 0££ffl(,vr, iEfcJSes&fcSTCS. 
[0 07 1 ] -Tttfefc. J*-* D37© 
nt^^l-CU^M^tifnx,, x 2 , , x„ 

<tLT. -eti-etitcpe? h©ADRC£fT-?/d&£© 

©MH5© class£±SE© ( 2 ) 3S©<fc 5 (C 

^(.r, ±&©«fc 5 

D3 7©U^;USr-e*l-etl. x, , x, , x„ i 

10 L. flf#a©^©^— -f *7 s -a'D 3 0Ol/";A4y 

. w„ KJc*n*»^©»»«BE3a:*tt3&r*. C 

[0 07 2] 
[&4] 



C4) 



[0073] i-rs. *a«f«. w„ *5*^^-c& «y^*sM©j©^ ±i$© (4) ss&ttfco-c. ;&st. 

•So 20 [0 07 5] 

[0074] ^W@SS30^«. F&tC. tS. [ffc5] 

y» =wi Xu + Wi x»i + w, x k . (5) 

[0076]^?n5.fflL-K=l > 2, Mt? ★ sS. 

*&. [0 07 8] 

[0 07 7] M>n©it£. ^S'Jl^w 1 . w, « [J&6] 

ei =y> - [wi xu+wi x» + w. x».j — — (6) 

[0 0 7 9 ] KJ:-,r^iL. (flU k= 1 . 2. - A [0 08 0] 
M) . 355. A30 [«7] 



(7) 



[0 08 1 ] **/Ne**^««*j*a>&. ♦4^5. C©«£. Jfe*. 

«/he*j*«cj:*IW£-p**. [008 3] 

[0 08 2 3 CC-C. '(7) *{CJ:«w. [»8 ] 

9 e 1 y r B e k \ m 

a W i k - B l a W i J 



= Z 2 Xki • 6k (i = 1 . 2- 

k- 0 



•n) 



(8) 



[0 08 4] * TOJ JC*£,fc$K:. gw. (n=l- * [0 08 6] 
6) «4W>tUXAb». [&9] 
[00 8 5] -eur. fcsfc * 



P — 0 



(3) 



[008 7] 



Yi = jbx„ • y* 



* 5K [ffcl 0] 



(10) 
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[008 8]©i^K, X,„ Y, ^a-T^i, 

( 8 ) yzmmzm^x-x^ 



(10) 

* [0 08 9] 

* [»11] 



Xu 


x,, 


X 1 a 




Wi 




Y. 


x„ 




Xtn 




Wi 




Y, ' 




X-t 


X o a 




w. 




Y„ 
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49400 



(11) 



[0 09 0 ] tLxmztiz. 

[0091] c©^»fisc«. -m^JEm^m^mtti io 
[0092] ±x<D¥®m7 ! - $ cmm--^-* 

?D30, ^-7^3- Fclass . *-<r < *Wfr?~- % 

D 3 3) (Dxm^Thtc^ ^mmmmmms 6»& 

ir^zzi- K class K±j£or) (11) 5tyc^l,/ciE#I# 
«. nfc&^iB'J«8fc ( D 3 6 ) £^9J[fctfcy * 'J 

15{C##jMf„ 20 

[009 3] C<7?cfc ^ ft^g*?T immLJ 

*>;i5{c«. m+it7-$<ir q 6 

-< *mmnmmmi otcfct^-oBuens. 
zxmic j; >) . *£j&«t5£S;fcfi£ -> r ii^o * - f ? 

[0 09 4] CKDJ^tt. ^g@8g3 0«. ^-tm* 30 

m&imm. 1 o (c*jw^fflF^a©fc&©^fflij^*^ 

[0095] «±©«fi£{C*sC^-C. sj—fw ^-ff ^ffl 
§gg 1 0 «. ^*&«l?mS5 1 1 icis^tAA^-f-* * 

^-^d i o©^ra&jf^«-c©^^»ta^-5». c 

©^f&SUiAAtf-T^^-^D 1 0©^«c:<!:{C^ 

•^•^-^d i o<D^micm^x^(o^^^^m 
[ o o 9 6 ] r < ffc-mems* 1 o t*. 

d i ou*<D%mK&GiL?ffl&$iS:mi>x¥wmn2 



[ 0 0 9 7 ] ttc. *7X«©^IiJ<S^££j!K-r£^S 

«i;tfe, firtB^a&tc^tic; o /c#iffi£f? Kim 

So 

[0 09 8 ] fcUiOfltjaKinK. XftX-irA 
ZD 1 OO^^M^cfcWS^^fcS-^^-rA^ 

mzntc&mKm^^fflmkzm^xAiit-Tj* 

Xt-ZD 1 0*— KiHiW©*-?*.*:* 

[0099] ^feiaoHJfeCDmSliCfcC^rt*. r 
*f§mH±Mm^. 1 0 &0^$|g3 0 (Cfc . ?7 

x^«3Pfaaisp 12,32 R&^wm&mm^ 1 3 . 

3 3WCAM-f^f-^D 1 0. D374S(C 

'mtmrnzni l. 3 i«:*50T#m3*i/ca*s^<D# 

m{CS^C>-CfflUS)JiSHi^CONT 1 1. CONT3 1 

1 3 - R^pjig* ^ x^sg|j«iaigi5 3 2-. oi^apj 

^-•r-^Dio, D3 7©^jf)aiL/©H>&$ijiai-r-5j:^ 

[0100] £tc±m<Dmm<DB!&ia<si>xi*> 
t*-*d 1 ncmrs^xf^^m-r^m-^ic-o^xm 

©?7X£l?tilU Cft<E>2oO[>i>5Xlt#fi£*^X# 
m&i 4 (c*j<,>T8^rr&c<k A**- 

[0 10 1] (2) m2<Dmtfc<D&1& 
m 1 iCD^lES150K:|5j-^*#or^TS 1 4CC*$t,> 

TS*&^msei 1 (iA^^TxH^^^sn/cH 1 

5 (A) tC^TAfr*-^.*:*-^-* D 1 O^St^M 
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[o i o 2 ] s^eaiSiJ i iba**- f^*^-^ 
d i o(oc<Dtitftm2fttcmm®®(D>mmn.ti$£i%: 
stA^-tv^-^d i o(D$mm.$w? : -fD i 

1 (HI 5 (C) ) tLXt^ZimWl 4. tttttHS 

g&mi i 1 1 au&m : ?mmn£t i i 6 ocp*s-r 

•5. 

, [0103] S^SMStasSP 1 1 1 KADX-^-i 10 
*f-fD 1 1 <fc<D38^£#i&. cn*iE«<bg|51 1 2 
Dl 0©8&3M&D1 12 (015 (B) ) £ffltHU C. 

n^nspi i 7tc{tt&-r&„ 

[0104] # ^x^SSIJ 1 4 B. ^BMRKJg^- * D 
1 lCCO(,>T. ^K&KK89£7*-~*D1 1&EBRL? 
JB387 r -£^"£-> ; &£fiR-r-5ADRC (Adaptive Dyna 
nricRanqe Coding) lElgggflt, ®t&WM&?~$ D 1 1 
(Dlt5i'7^3" Kmt5^7X3- K»*@B 20 

[0105] A DRC®8S8B»'affc»a^f r -f D 1 1 
CcDADRCSffSgBB. SlSffS^HbS:^ fe©T? 

[0106] JifWjCCB. M»»±©6o©8 fcT 
KDt 1 -* (^fc^^T 1 -*) ZZvZ.ftmVZ^t 30 
T3*§^. 2 4, il^raJA^©^-7X{C^Sb'5:Wn 

©T&SgO^^SSBl 4TB^©F*3SPK:fg:W6n/c,A 
D R C HSSgp-C^S 3 ti * - ^iffir- *tc»-^t,> 

ft b XI bf h (DMWtemZT? it. 6 ^(D&foM®. 
Bf-ZZQV'zYXm.-fZtttT-*. 2 6 =6 495 

[0107] cc-c. ADRcmssgEB. ^jomsnfc 

MWi©^^©^:^ -^U^iDR, tf ? h§9 40 
-iHba- K*Q<b-T5i. _h>£© ( 1 ) sSfcft-oT, flt 

t 9 Kftt?fc^it#t<it,-cffi^fb£fr 5. ( l ) 

a. *>< ux&i&m&.m&uc*si.>x&m2tiit.®ifcm 

= 8) Xffil&ZtlX I* 2> Ctl^BADRC® 

sssB«:te(,>-C'e-n-eti*i2 t-y Kcffi!s$n^„ 
[ 0 l 0 8 ] c <D£ 5 tcLXfrffiZintc^mmMBT 1 - so 



^532 0 0 2-4 940 0 
20 

**-e-tnenq. (n = i-6) ttst. ^^^s 
an 44cisw6ti/ci'7^3-F^[5i^sp«. lass 
hfc«iagf-*q„ tts-^-c. ±&© (2) ^ 

~q 6 ) *JS'T-5i'7X>&^-r5'7^3- Kclass 
fflU SgEgUi3n/t97X3- Kclass fc^f*^* 
a- K:r-*D 1 4 •/ 1 5 

CO«^3- Kclass tt. ^SiJ^S^^U 1 5frt>¥ 

[ 0 10 9] C©<fc ^ KL-t, ?5X#Sg&l 4BS& 
SiSff-fD 1 1 ©*7*=i- K^-fD 1 4££»£ 

[0 1 10] 7WHt>'«U 1 5(CB. K 

TKu^fc-^n^tiatScsnrfeo. *7X#SSM4 

*6«3M^7^3- Kx-£D 1 4(CS^C^-C. 

3^7^a- Ktc^fice-rsr Kbxfcstf^nrt^ 

1 6 sn*. 
[oiin &tM?ingM*s i i6tt. / 2Ufo&ntii& 
i lfcfc^r^asti^ts^^r-f d i i (x, 

( 3 > ^.iCTn-rmmm^n *> c t «c £ •) . ^im** 

y' 4f#^. CcD^jSIfily' AS. §««t3tlfc*- 
•f^^-^-^CD'a^^-^D 1 16 (SI 4 (C) ) 

t\sx^mm\ i7ic«*&sn-5. 

[01121KLT. ^iSOSPl 1 7«, 
mg|51 1 l*^«&3tifcil!SiD 1 1 2 4-^^- 
1 1 QlC&vy&mt&ZtlC&V). H 1 5 (D) (C 

^-rjc^^R^ttsn/c^--^-/ ^-^-^d 1 1 7 
tm^mmm. i o o cckw* ^ 7^^iaic.^a<DM 

a^J»*^L. ^-f^MWlSB 1 o o 
^SPl 1 1^6S®«5S^I«(CA-Si. i<Xf^ 
SP1 1 2lC*sl>XAt)*-~f-< *-r-3»D 1 
*g£t3*Si!&gtmSB 1 ltc*j^r#ttJT^. 

[0 113] C<D»W3*iyc'a^{iA*^"f r ^^7 f 
-ZD 1 0<D^©*«-rtor>-C*0. *~<f -cXfe^m. 

S&l 4(Cj;0 > a$S«(C»^t ( »T5'5X>&^t-S. 

7xmicttfci,xttmztix*st), *-Tj*mm>&m. 

[dii4] ^mmis*') i i 5^6^*w$tifc^ 
gsi i eo^mm&icm^htiz. cntcjco. a^^- 
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jjia^g i o o itm< xf-^spi i 5 k^ota* 

I 7£»£. 

[0 1 1 5 ] *>< l/tAA^-f-ztf-^D 1 0«-e 
©^Wai^Sftfctf-fwtf^-SD 1 1 7(C^3 10 
ft. f-ftf^l^gl 0 0«Xf 7^SP 1 1 

6 «c^o x^&tem&mzfeT-r •*>„ 

[oi 16] yc(c. m i 4(c-3ur±^t/c^»j^sfc^ 

[01 1 7 ] 0 1 0 £©#tf£;g|S#{C|5)— fre*ttL.r^ 
•T0 1 6&Cfe<,>T. ^SIeISSI 3 Ott. flSWD&Sfi* 
-if-ftf^-SD 1 3 0*itt^7^^3 7{C 

sws., ^«ft^BK^^^^3 7«. r^i^^^m 

-if D 3 9 tc <fc 9 3 ft/cffl3 I S ^T'fScep* -7 s ■/ * f 20 

-$di 3 o^s^racrifc^fs-y^^ragK 
&t&£ftTt,>&„ 

[0118] C©ig£\ £fi£ffi-S§£j&7 Jl<*3 HCis 

ctofci&cxiimo)*-? j xm^mm&imi o o-en 

*> 1 1 zm&. £&m*&j&7 -t >i> * 3 7 x&y-y •? >j 

lx±m<d*-t"j xm^mwmm: 1 ootcfc^rA^ 
^-/^-^-if d 1 (XDtmLtcr-f-y-y-ffrZffi 

*> C i-CWH©|6j±^0-2>^{C«, CftiCfEDr. £ 
^m#^JS7 -< 3 7 "Ctex- H± 
•Sra^l^MS^rlf ^ J: 5&C&3ft"Cl>3„ 
[0 1 1 9] *>< L/r, £SHI-5t£^7-f;V*3 7{*tfc 
mt-^A *7-ZD 1 3 O3tpP.0f^CDH?I^M8l(C«k 

nmm 1 fc««&-r^ 0 

[0120] 'mmw-mis 1 tt^iat^j*? 40 
3 7 a^tfttsaftte^^-fw tf-^D3 7 zmis. 
iish*©«wi ( c ©i^ss© n^©^. m*. tf 6 > ^ 

;H*<fc-rs) fc4WWLfc«. Skills ft fcSi^W^ 
©iStffcccoor. 04{c-oc>r±^u^^MSigtai^ 
ic J: f) ZOWm^Wmr 

[0121] ft&*ilJ§ttfjS|53 1 * 

d 3 7 © c ©i $#t« 3 ft frntsmmoyk^mmtamm 
*?- z d 3 7 ©s&jiM?*- j» d 3 

I I or * ^ *#sj3b 3 4 ccpja-r 4. 

[0 122] *7X#&gP3 4W. ^BM^-^D 50 
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3 1 £ffiffiUTJE«i&7 r -*/S*->££Ji£T-2>ADRC 
(Adaptive Dynamic Range Coding) [5)88pP<k, "SilSi^jS 

[0123] ADRC[£M«^;&^$jfcir--£D3 1 
^ciH»*tf 5 C <t ic J: 0 * - >ffiffi7 :r - * 

s„ c©ADRciaijg3Bti. m&mm*<tzft 5 t><DX 
*•). ccm fg^b^;u©M@f6 f j^^->%5ai^ 

[0124] J emmim±<D 6 -o© 8 f 9 

TSti^ 2 4S £<,^i#C&&©* 5XlC#»l,&Wft 
lslBS±©^S*^< -g-c-T. C©|«S 

©ff^© ^ =? x^ssp 1 4 -ctt-e©i^swc^:w 6ft/cA . 
D R C @KSPr4fiSS ti&jm - yHM^-Ztemi^ 

x*?5z&mzft5. m*. it 6 -^(D^mwm^- * cc 

>Plur l e» h©a^b*»f-TS<t. 6-3©aMiS 

^-^^6 hr^-rci^T'tr. 2 6 =64^7 

[0 125] CCT, ADRC|SI8Sg[5W, ^OtlJSft/c 

«3S^m, SQ*|iKjS^7 r -df©7 r -^U^l'*L. a 
iHtn-F^QiLt, ±j$© (1) ^iP«©«mc 

<fco. ^«©*AfiiMAx<t^/jN<iiMi Nkvmzm 
Lr-s^^gLtasp i ic*s^xnmstitcm^m±<D6 r> 

(DUm?- 5f*i. -eft-eft WU* 8 t* h (m= 8 ) X 
mf&2tlX^2>frZt. Cft6«ADRC|iISSS|5K*j 

[0126] c<D&^<,c^xm&2nfc&f&mm?-~ 

^*e-ft^ftq„ (n= 1~6) i-T-Si. 5»9^»S 
SB3 4«:g:W6ftfc^7Xn- K^IHSggfltt. <EMZ 

titc / muw&y i -f< i „ icm-n^x. ±m<D (2) 3$ 
nmu. ^te^msftfc^^x^-Kciass ^mrf^ 

^r3-F7 I -fD34 £TOHS«fflHaS 1 3 6 {C«S&T 

[0 1 2 7 ] CWJ^tClz-C ^7^^SgC3 4»-g3il^ 
^iffiff^-i'DS l©^^^a- K^-*D3 4S:£j!£ 

S'i^@maJi 3 6 KB, r^-f^f-^Ds? 
(ca-5^-c#m?ftfc'a*s^iK^7 j -^D 3 1 (x, . 

x, , x„ ) &1*te$tlZ. 

[0128] TOMMfcJftHtt 136B, 5 5Xftm®3 
4*6M3Wc}'7Xa- Kclass i v ^^--7 t -/ 
^f-iiDSTKi'JUtSi'^Xn- Kclass «i(C© 
tUSft/c^^jJtofJ^-^ D3 li, A^iST:.*^^ 
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i&ztitdmx-T 4 *t-z d i 3 ofrbzmmnm 

SPl 3 5lCi5^xmm2titc j m&M7 : -$mi£r&D 1 3 
5 (01 5 (B) ) <L£m>T. JEWm^iLXh. 
[0 129] tUtt, &M*-?4*7 : -ZV3HC 

^Cb^Hr-etlfhx, . x, . x. ±UX. 

Zti^tiic p tr y h © A D R c o fc*S*©ffi*{bf* 

-£&q, . q, <tTS. £:©£#, COWAO 

ir^Xa- Kclass £_k&© (2) 5$<D <k 5 CC^ST 

fit, ±B©«t ^ Kfttt-f^f-f D 3 7 10 
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LThis document has been translated by computer. So the translation may not reflect the original 
precisely. 
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3.1n the drawings, any words are not translated. 



CLAIMS 



[Claim(s)] 

[Claim 1] An envelope calculation means to compute the envelope of the above-mentioned input 
digital signal in the digital-signal-processing equipment which changes an input digital signal, A 
class classification means to classify the class of the above-mentioned input digital signal based 
on the envelope by which calculation was carried out [ above-mentioned ], Digital-signal- 
processing equipment characterized by having a prediction operation means to generate the 
digital signal which comes to change the above-mentioned input digital signal by carrying out the 
prediction operation of the above-mentioned input digital signal by the prediction method 
corresponding to the class by which the classification was carried out [ above-mentioned ]. 
[Claim 2] The above-mentioned input digital signal is digital-signal-processing equipment 
according to claim 1 characterized by being a digital audio signal. 

[Claim 3] The above-mentioned prediction operation means is digital-signal-processing 
equipment according to claim 1 characterized by using the prediction coefficient currently 
generated by study based on the digital signal beforehand considered as a request. 
[Claim 4] The envelope calculation step which computes the envelope of the above-mentioned 
input digital signal in the digital-sighal-processing approach of changing an input digital signal, 
The class classification step into which the class of the above-mentioned input digital signal is 
classified based on the envelope by which calculation was carried out [ above-mentioned ] t The 
digital-signal-processing approach characterized by having the prediction operation step which 
generates the digital signal which comes to change the above-mentioned input digital signal by 
carrying out the prediction operation of the above-mentioned input digital signal by the 
prediction method corresponding to the class by which the classification was carried out 
[ above-mentioned ]. 

[Claim 5] The above-mentioned input digital signal is the digital-signal-processing approach 
according to claim 4 characterized by being a digital audio signal. 

[Claim 6] The digital-signal-processing approach according to claim 4 characterized by using the 
prediction coefficient currently generated by study at the above-mentioned prediction operation 
step based on the digital signal beforehand considered as a request. 
[Claim 7] In the study equipment which generates the prediction coefficient used for the 
prediction operation of the above-mentioned transform processing of the digital-signal- 
processing equipment which changes an input digital signal A student digital signal generation 
means to generate the student digital signal who degraded the digital signal concerned from the 
digital signal considered as a request, An envelope calculation means to compute the envelope of 
the above-mentioned student digital signal, and a class classification means to classify the class 
of the above-mentioned student digital signal based on the envelope by which calculation was 
carried out [ above-mentioned ], Study equipment characterized by having a prediction 
coefficient calculation means to compute the prediction coefficient corresponding to the above- 
mentioned class based on the above-mentioned input digital signal and the above-mentioned 
student digital signal. 

[Claim 8] The above-mentioned input digital signal is study equipment according to claim 7 
characterized by being a digital audio signal. 
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[Claim 9] In the study approach which generates the prediction coefficient used for the 
prediction operation of the above-mentioned transform processing of the digital-signal- 
processing equipment which changes an input digital signal The student digital signal generation 
step which generates the student digital signal who degraded the digital signal concerned from 
the digital signal considered as a request, The envelope calculation step which computes the 
envelope of the above-mentioned student digital signal, The class classification step into which 
the class of the above-mentioned student digital signal is classified based on the envelope by 
which calculation was carried out [ above-mentioned ], The study approach characterized by 
having the prediction coefficient calculation step which computes the prediction coefficient 
corresponding to the above-mentioned class based on the above-mentioned input digital signal 
and the above-mentioned student digital signal. 

[Claim 10] The above-mentioned input digital signal is the study approach according to claim 9 
characterized by being a digital audio signal. 

[Claim 11] An envelope calculation means to compute the envelope of the above-mentioned 
input digital signal in the digital-signal-processing equipment which changes an input digital 
signal, A class classification means to classify the class of the above-mentioned digital signal 
based on the envelope by which calculation was carried out [ above-mentioned ], An envelope 
prediction operation means to compute a new envelope by the prediction method corresponding 
to the class by which the classification was carried out [ above-mentioned ], A subcarrier 
extract means to extract a subcarrier from the above-mentioned input digital signal, the above 
computed by the above-mentioned envelope prediction operation means — the digital-signal- 
processing equipment characterized by having a modulation means to generate the new digital 
signal which comes to change the above-mentioned input digital signal by modulating the above- 
mentioned subcarrier based on a new envelope. 

[Claim 12] The above-mentioned input digital signal is digital-signal-processing equipment 
according to claim 1 1 characterized by being a digital audio signal. 

[Claim 13] The above-mentioned envelope prediction operation means is digital-signal- 
processing equipment according to claim 11 characterized by using the prediction coefficient 
currently generated by study based on the digital signal beforehand considered as a request. 
[Claim 14] The envelope calculation step which computes the envelope of the above-mentioned 
input digital signal in the digital-signal-processing approach of changing an input digital signal, 
The class classification step into which the class of the above-mentioned digital signal is 
classified based on the envelope by which calculation was carried out [ above-mentioned ], The 
envelope prediction operation step which computes a new envelope by the prediction method 
corresponding to the class by which the classification was carried out [ above-mentioned ], The 
step which extracts a subcarrier from the above-mentioned input digital signal, the above 
computed by the above-mentioned envelope prediction operation step — the digital-signal- 
processing approach characterized by having the step which generates the new digital signal 
which comes to change the above-mentioned input digital signal by modulating the above- 
mentioned subcarrier based on a new envelope. 

[Claim 15] The above-mentioned input digital signal is the digital-signal-processing approach 
according to claim 14 characterized by being a digital audio signal. 

[Claim 16] The digital-signal-processing approach according to claim 14 characterized by using 
the prediction coefficient currently generated by study at the above-mentioned envelope 
prediction operation step based on the digital signal beforehand considered as a request. 
[Claim 1 7] In the study equipment which generates the prediction coefficient used for the 
prediction operation of the above-mentioned transform processing of the digital-signal- 
processing equipment which changes an input digital signal A student digital signal generation 
means to generate the student digital signal who degraded the digital signal concerned from the 
digital signal considered as a request, The 1 st envelope calculation means which computes the 
envelope of the above-mentioned student digital signal, A class classification means to classify 
the class of the above-mentioned student digital signal based on the envelope by which 
calculation was carried out [ above-mentioned ], The 2nd envelope calculation means which 
computes the envelope of the above-mentioned input digital signal, With the envelope calculation 
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means of the envelope of the above-mentioned student digital signal, and the above 2nd 
computed by the envelope calculation means of the above 1st Study equipment characterized by 
having a prediction coefficient calculation means to compute the prediction coefficient 
corresponding to the above-mentioned class based on the envelope of the computed above- 
mentioned input digital signal. 

[Claim 18] The above-mentioned input digital signal is study equipment according to claim 17 
characterized by being a digital audio signal. 

[Claim 19] In the study approach which generates the prediction coefficient used for the 
prediction operation of the above-mentioned transform processing of the digital-signal- 
processing equipment which changes an input digital signal The student digital signal generation 
step which generates the student digital signal who degraded the digital signal concerned from 
the digital signal considered as a request, The 1st envelope calculation step which computes the 
envelope of the above-mentioned student digital signal, The class classification step into which 
the class of the above-mentioned student digital signal is classified based on the envelope by 
which calculation was carried out [ above-mentioned ], The 2nd envelope calculation step which 
computes the envelope of the above-mentioned input digital signal, The study approach 
characterized by having the prediction coefficient calculation step which computes the 
prediction coefficient corresponding to the above-mentioned class based on the envelope of the 
above-mentioned input digital signal by which calculation was carried out [ above-mentioned ] 
with the envelope of the above-mentioned student digital signal by which calculation was carried 
out [ above-mentioned ]. 

[Claim 20] The above-mentioned input digital signal is the study approach according to claim 19 
characterized by being a digital audio signal. 

[Claim 21] The program storing medium which makes digital-signal-processing equipment 
perform the program contain the prediction operation step generate a digital signal [ come / by 
carrying out a prediction operation in the above-mentioned input digital signal / in the above- 
mentioned input digital signal / to change ] by the envelope calculation step which computes the 
envelope of an input digital signal, the class classification step which classify in the class of the 
above-mentioned input digital signal based on the envelope by which calculation was carried out 
[ above-mentioned ], and the prediction method corresponding to the class by which a 
classification was carried out [ above-mentioned ]. 

[Claim 22] The program storing medium which makes study equipment perform the program 
contain the prediction coefficient calculation step which computes in the prediction coefficient 
corresponding to the above-mentioned class based on the student digital signal generation step 
which generates the student digital signal who degraded the digital signal concerned from the 
digital signal which considers as a request, the envelope calculation step which compute the 
envelope of the above-mentioned student digital signal, the class classification step into which 
the class of the above-mentioned student digital signal classifies based on the envelope by 
which calculation was carried out [ above-mentioned ], and the above-mentioned digital signal 
and the above-mentioned student digital signal. 

[Claim 23] The envelope calculation step which computes the envelope of an input digital signal, 
and the class classification step into which the class of the above-mentioned digital signal is 
classified based on the envelope by which calculation was carried out [ above-mentioned ], The 
envelope prediction operation step which computes a new envelope by the prediction method 
corresponding to the class by which the classification was carried out [ above-mentioned ], The 
subcarrier extract step which extracts a subcarrier from the above-mentioned input digital 
signal, the above computed by the above-mentioned envelope prediction operation means — by 
modulating the above-mentioned subcarrier based on a new envelope The program storing 
medium which makes digital-signal-processing equipment perform the program containing the 
modulation step which generates the new digital signal which comes to change the above- 
mentioned input digital signal. 

[Claim 24] The student digital signal generation step which generates the student digital signal 
who degraded the digital signal concerned from the digital signal considered as a request, The 
envelope calculation step which computes the envelope of the above-mentioned student digital 
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signal. The class classification step into which the class of the above-mentioned student digital 
signal is classified based on the envelope by which calculation was carried out [ above- 
mentioned ], The envelope calculation step which computes the envelope of the above- 
mentioned digital signal, The program storing medium which makes study equipment perform the 
program containing the prediction coefficient calculation step which computes the prediction 
coefficient corresponding to the above-mentioned class based on the envelope of the above- 
mentioned digital signal by which calculation was carried out [ above-mentioned ] with the 
envelope of the above-mentioned student digital signal by which calculation was carried out 
[ above-mentioned ]. 



[Translation done.] 
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DETAILED DESCRIPTION 



[Detailed Description of the Invention] 
[0001] 

[Field of the Invention] This invention relates to a program storing medium at the digital-signal- 
processing approach, the study approaches, and those equipment lists, and is a rate converter or 
PCM (Pulse Code Modulation). It applies to a program storing medium and is suitable for the 
digital-signal-processing approach of performing interpolation processing of data to a digital 
signal in decode equipment etc., the study approaches, and those equipment lists. 
[0002] 

[Description of the Prior Art] Before inputting a digital audio signal into digital one/analog 
converter conventionally, exaggerated sampling processing which changes a sampling frequency 
by several times the original value is performed. Thereby, the digital audio signal outputted from 
digital one/analog converter is made as [ eliminate / the phase characteristic pf an analog anti- 
aliasing filter is kept constant in an audio frequency quantity region, and / the effect of the 
image noise of the digital system accompanying a sampling ]. 

[0003] In this exaggerated sampling processing, the digital filter of a linearity primary (straight 
line) interpolation method is usually used. Such a digital filter generates linear interpolation data 
in quest of the average value of two or more existing data, when a sampling rate changes or data 
are missing. 
[0004] 

[Problem(s) to be Solved by the Invention] However, although the amount of data has become 
precise several times to time amount shaft orientations by linearity linear interpolation as for the 
digital audio signal after exaggerated sampling processing, the frequency band of the digital audio 
signal after exaggerated sampling processing seldom changes to before conversion, and the tone 
quality itself has not improved. Furthermore, since the interpolated data were not necessarily 
generated based on the wave of the analog audio signal in front of A/D conversion, most its 
wave repeatability has not improved. 

[0005] Moreover, although the frequency was changed using the sampling rate converter when 
the digital audio signal from which a sampling frequency differs was dubbed, it was difficult to be 
able to perform only interpolation of linear data but to improve tone quality and wave 
repeatability with a linearity primary digital filter, also by this case. Furthermore, it is the same 
when the data sample of a digital audio signal is missing. 

[0006] This invention was made in consideration of the above point, and tends to propose a 
program storing medium in the digital-signal-processing approach which may improve the wave 
repeatability of a digital signal much more, the study approaches, and those equipment lists. 
[0007] 

[Means for Solving the Problem] Since this technical problem is solved, conversion which was 
adapted for the description of an input digital signal much more can be performed by classifying 
the class of an input digital signal in this invention based on the envelope of an input digital 
signal, and having changed the input digital signal by the prediction method corresponding to the 
classified class concerned. 
[0008] 
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[Embodiment of the Invention] About a drawing, the gestalt of 1 operation of this invention is 
explained in full detail below. 

[0009] (1) In case the audio signal processor 10 raises the sampling rate of a digital audio signal 
(this is called audio data below) or audio data are interpolated in gestalt drawing 1 of the 1 st 
operation, it is made as [ generate / the audio data near a true value / class classification 
application processing ]. Incidentally, a digital audio signal means the sound signal showing the 
voice which people and an animal utter, the musical-sound signal showing the musical sound 
which a musical instrument emits, and the signal showing other sounds. 

[0010] That is, in the audio signal processor 10, the envelope calculation section 1 1 computes, 
that envelope by the envelope calculation approach mentioned later about the wave of each 
divided time domain concerned, after dividing into the field (it carries out to every the case of 
the gestalt of this operation, 6 [ for example, ], samples) for every predetermined time the input 
audio data D10 shown in drawing 2 (A) supplied from the input terminal TIN. 
[001 1] The envelope calculation section 1 1 supplies the envelope calculation result of the time 
domain divided at this time of the input audio data D10 to the class classification section 14 as 
an envelope data point D1 1 ( drawing 2 (B)) of the input audio data D10. 

[0012] Moreover, by dividing into the same time domain as the case of the envelope calculation 
section 11, the cases, for example, six samples, of the gestalt of this operation, the input audio 
data D1 0 shown in drawing 2 (A) supplied from the input terminal TIN, the class classification 
section extract section 12 extracts the audio data point D12 which is going to carry out a class 
classification, and supplies this to the class classification section 14. 

[0013] The class classification section 14 is ADRC (Adaptive Dynamic Range Coding) which 
compresses the envelope data point D11 concerned, and generates a compression data pattern 
about the envelope data point D1 1 corresponding to the audio data point D12 started in the 
class classification extract section 1 2. It has the circuit section and the class code generating 
circuit section which generates the class code to which the envelope data point D1 1 belongs. 
[0014] The ADRC circuit section forms pattern compressed data by performing an operation 
which is compressed into 2 bits from 8 bits as opposed to the envelope data point D1 1. Since 
this ADRC circuit section can perform accommodative quantization and can express the local 
pattern of signal level efficiently by the short word length here, it is used for code generating of 
a class classification of a signal pattern. 

[0015] When it is going to carry out the class classification of the six 8-bit data on an envelope 
wave (envelope data point), it must classify into a huge number 248 of classes, and, specifically, 
the burden on a circuit increases. So, in the class classification section 14 of the gestalt of this 
operation, a class classification is performed based on the pattern compressed data generated in 
the ADRC circuit section prepared in that interior. For example, if 1-bit quantization is 
performed to six envelope data points, six envelope data points can be expressed with 6 bits, 
and it can classify into 26 = 64 class. 

[0016] Here, the ADRC circuit section is a degree type and [0017], when the data level of m and 

each envelope data point is set to L and a quantization code is set [ the dynamic range of the 

envelope in the started field ] to Q for this [ DR and / bit rate ]. 

[Equation 1] 
DR=MAX-MIN+1 

Q= ((L-MIN+0.5)X2-/DRI (1) 

[0018] It is alike, and it follows and quantizes by dividing equally by the bit length which had 
between the maximum MAX in a field, and the minimum values MIN specified. In addition, in (1) 
type, { } means the cut-off processing below decimal point. Supposing six data points on the 
envelope computed in the envelope calculation section 1 1 in this way consist of 8 bits (m= 8), for 
example, respectively, as for these, each will be compressed into 2 bits in the ADRC circuit 
section. 

[0019] Thus, if the compressed envelope data point is set to qn (n=1-6), respectively, the class 
code generating circuit section prepared in the class classification section 1 4 is the compressed 
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envelope data point qn. It is based and is a degree type and [0020]. 
[Equation 2] 

class = S q i (2')' <2) 

[0021] Class code class which shows the class to which the block (q1 -q6) belongs by being 
alike and performing the shown operation It computes and is the computed class code class 
concerned. The class code data D14 which express are supplied to the prediction coefficient 
memory 15. This class code class The read-out address at the time of reading a prediction 
coefficient from the prediction coefficient memory 1 5 is shown. Incidentally it is the envelope 
data point qn into which n was compressed in (2) types. A number is expressed and, in the case 
of the gestalt of this operation, it is n= 6, and P expresses bit assignment and, in the case of the 
gestalt of this operation, is P= 2. 

[0022] Thus, the class classification section 14 generates the class code data D14 of the 
envelope data point D1 1 corresponding to the audio data point D12 started from the input audio 
data D10 in the class classification section extract section 12, and supplies this to the prediction 
coefficient memory 15. 

[0023] Set w1 -wn of the prediction coefficient which the set of the prediction coefficient 
corresponding to each class code is memorized to the address corresponding to a class code by 
the prediction coefficient memory 15, respectively, and is memorized to the address 
corresponding to the class code concerned based on the class code data D14 supplied from the 
class classification section 14 It is read and the prediction operation part 16 is supplied. 
[0024] The prediction operation part 16 is the audio data point (prediction tap) D13 (x1 -xn) 
which was started in the time-axis field from the input audio data D10 in the prediction operation 
part extract section 13 and which is going to carry out a prediction operation, and prediction 
coefficient w1 -wn. It receives and is a degree type [0025]. 
[Equation 3] 

y' =Wi Xi + Wa Xi + + w«, x a (3) 

[0026] Prediction result y' is obtained by being alike and performing the shown sum-of-products 
operation. This forecast y' is outputted from the prediction operation part 16 as audio data D16 
( drawing 2 (C)) with which tone quality has been improved. 

[0027] In addition, although functional block mentioned above about drawing 1 as a configuration 
of the audio signal processor 10 was shown, the equipment of a computer configuration shown in 
drawing 3 in the gestalt of this operation as a concrete configuration which constitutes this 
functional block is used. In drawing 3 namely, the audio signal processor 10 It has RAM (Random 
Access Memory)15 which constitutes CPU21, ROM (Read Only Memory)22, and the prediction 
coefficient memory 15 through Bus BUS, and the configuration to which each circuit section was 
connected, respectively. By performing the various programs stored in ROM22, CPU11 It is made 
as [ operate / as each functional block (the envelope calculation section 1 1 , the class 
classification section extract section 12, the prediction operation part extract section 13, the 
class classification section 14, and prediction operation part 16) mentioned above about drawing 
II 

[0028] Moreover, it has the removable drive 28 which reads information from external storage, 
such as the communication link interface 24 and floppy disk which communicate between 
networks, and a magneto-optic disk, to the audio signal processor 1 0, each program for 
performing class classification application processing mentioned above about drawing 1 can be 
read into the hard disk of a hard disk drive unit 25 from a network course or external storage, 
and class classification adaptation processing can also be carried out according to the read 
program concerned. 

[0029] A user performs class classification processing mentioned above about drawing 1 to 
CPU21 by inputting various commands through the input means 26, such as a keyboard and a 
mouse. In this case, after the audio signal processor 10 inputs the audio data (input audio data) 
D10 which are going to raise tone quality through the data I/O section 27 and performs class 
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classification application processing to the input audio data D10 concerned, it is made as 

[ output / through the data I/O section 27 / the audio data D16 whose tone quality improved / 

outside ]. 

[0030] Incidentally, drawing 4 shows the procedure of the class classification adaptation 
processing in the audio signal processor 10, and if the audio signal processor 10 goes into the 
procedure concerned from a step SP 101, it will compute the envelope of the input audio data 
D10 in the envelope calculation section 11 in the continuing step SP 102. 

[0031] This computed envelope expresses the description of the input audio data D10, and the 
audio signal processor 10 moves to a step SP 103, and classifies a class according to the class 
classification section 14 based on an envelope. And the audio signal processor 10 reads a 
prediction coefficient from the prediction coefficient memory 1 5 using the class code obtained 
as a result of the class classification. This prediction coefficient corresponds for every class by 
study beforehand, and is stored, and the audio signal processor 10 can use the prediction 
coefficient corresponding to the description of the envelope at this time by reading the 
prediction coefficient corresponding to a class code. 

[0032] The prediction coefficient read from the prediction coefficient memory 1 5 is used for the 
prediction operation of the prediction operation part 16 in a step SP 104. Thereby, the input 
audio data D10 are changed into the audio data D16 considered as a request by the prediction 
operation which was adapted for the description of the envelope. In this way, the input audio 
data D10 are changed into the audio data D16 with which the tone quality has been improved, 
and the audio signal processor 10 moves to a step SP 105, and ends the procedure concerned. 
[0033] Next, the calculation approach of the envelope of the input audio data D10 in the 
envelope calculation section 11 of the audio signal processor 10 is explained. 
[0034] That is, as shown in drawing 5 , if the envelope calculation section 1 1 ( drawing 1 ) goes 
into the envelope calculation procedure RT 1, it will input the input audio data D10 with the 
polarity of the positive/negative inputted from the outside in a step SP 1 through the data I/O 
section 27, and it will move from it to continuing steps SP2 and SP10. 

[0035] In a step SP 2, as shown in drawing 6 , the envelope calculation section 1 1 detects and 
holds only the signal component of a positive region AR 1 among the input audio data D10 with 
the polarity of the positive/negative inputted from the outside, and makes a zero level a part for 
the signal line of a negative region AR 2, and it moves from it to a step SP 3. 
[0036] In a step SP 3 the envelope calculation section 11 Up to the sampling-time location DO 2 
where the amplitude laps with a zero level at the degree from the sampling-time location DO 1 
where the amplitude of the input audio data D10 of a positive region AR 1 laps with a zero level 
as shown in drawing 7 (This is hereafter called between zero crosses) The maximum x1 of the 
amplitude in CR1 is detected, and the maximum x1 concerned judges whether it is a value higher 
than the threshold beforehand set up by the envelope detection program. 

[0037] It is the predetermined value which determines whether the threshold beforehand set up 
by the envelope detection program incidentally makes maximum x1 of the amplitude between 
zero crosses the candidate value (sampling point) of an envelope, and is set as the value which 
can detect an envelope smooth as a result, and when the maximum x1 of the amplitude between 
[ CR / 1 ] zero crosses which is a candidate for decision at this time turns into a value higher 
than the threshold concerned, it moves to a step SP 4. Moreover, when the maximum of the 
amplitude between the zero crosses which are the candidates for decision at this time turns into 
a value lower than a threshold, the envelope calculation section 1 1 is continued until it detects 
between [ CR / 1 ] the zero crosses in which the maximum x1 (candidate value (sampling point)) 
used as a value higher than the threshold concerned exists. 

[0038] In a step SP 4, the envelope calculation section 1 1 detects maximum x2 between [ CR / 
2 ] zero crosses of the degree between [ CR / 1 ] the zero crosses in which the maximum xl 
made into the candidate value (sample ring point) exists ( drawing 7 ) f and it moves from it to a 
step SP 5. 

[0039] In a step SP 5, the envelope calculation section 1 1 judges whether it is a value with the 
value higher than the maximum x2 concerned which multiplied the value computed by the 
function expressed with f(t) =p (t2-t1) to each maximum x1 and x2 which were obtained in steps 
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SP3 and SP4 by maximum xl. 

[0040] Incidentally, it is function f (t). It sets. "t2" and "tl " The sampling-lime location where 
each maximum x1 and x2 were detected is expressed. For example, the signal (input audio data 
D10) inputted at this time is the sampling frequency of 8kHz, and 16 bits of quantization. Since 
the measurement size between zero crosses serves as five to 20 sample in many cases when it 
assumes, Also in "t2" and "t1", it becomes 5-20 sample. Moreover, for "p", the signal (input 
audio data D10) which is the parameter which can be set as arbitration, for example, is inputted 
at this time is the sampling frequency of 8kHz, and 16 bits of quantization. It is referred to as 
p=-90 etc. when it assumes. 

[0041] The value which multiplied the value furthermore expressed with function f(t) =p (t2-t1) 
by maximum x1 When the value of maximum x2 is larger than the value which multiplied the value 
which is made as [ express / the inclination between maximum x1 and x2 ], and is expressed 
with the function f(t) =p (t2^t1) concerned by maximum x1 It can detect an envelope smooth as 
a result that there are few amplitude differences of maximum x1 and maximum x2. Therefore, 
when maximum x2 which is a candidate for decision at this time serves as a value higher than 
the value which multiplied the value expressed by the function concerned by maximum x1 f an 
affirmation result is obtained in a step SP 5, and it moves to the continuing step SP 6. 
[0042] on the other hand, when maximum x2 serves as a value lower than the value which 
multiplied the value expressed by the function concerned by maximum x1 It is made as 
[ detect / until maximum x2 ( drawing 7 ) which is a value higher than the value which multiplied 
the value expressed by the function by maximum x1 in a step SP 4 is detected / maximum x2 
( drawing 7 ) of the amplitude between zero crosses (CR3 ... CRn) ]. As opposed to maximum x2 
which detected again and was obtained at this time, and the maximum x1 obtained in a step SP 3 
Detection of maximum x2 is repeated until the value which multiplied the value computed by the 
function expressed with f(t) =p (t2-t1) by maximum x1 is judged to be a value higher than 
maximum x2 which detected again and was obtained. 

[0043] In a step SP 6, the envelope calculation section 1 1 performs interpolation processing 
using the linearity linear interpolation approach to the data between the maximum x1 made into 
the candidate value (sampling point) of an envelope, and maximum x2, and it moves from it to 
continuing steps SP7 and SP8. 

[0044] In a step SP 7, the envelope calculation section 1 1 is outputted to the class classification 
section 14 ( drawing 1 ) by using as the envelope data D1 1 ( drawing 1 ) the data and the 
candidate value (sampling point) between the maximum x1 which performed interpolation 
processing, and maximum x2. 

[0045] Moreover, in a step SP 8, the envelope calculation section 1 1 judges whether the input 
audio data D10 inputted from the outside were inputted altogether. If a negative result is 
obtained here, this means the input audio data D10 continuing and being inputted, and at this 
time, the envelope calculation section 1 1 will return to a step SP 3, and will detect again the 
maximum x1 of the amplitude between [ CR / 1 ] zero crosses from the positive region AR 1 of 
the input audio data D10. 

[0046] On the other hand, if an affirmation result is obtained in a step SP 8, it means that this 
finished inputting the input audio data D10 altogether, and at this time, it will move to a step SP 
20 and the envelope calculation section 1 1 will end the envelope calculation procedure RT 1 . 
[0047] On the other hand, in a step SP 10, the envelope calculation section 1 1 detects and holds 
only the signal component of a negative region AR 2 ( drawing 6 ) among the input audio data 
D10 with the polarity of the positive/negative inputted from the outside, and makes a zero level 
the signal component of a positive region AR 1 ( drawing 6 ), and it moves from it to a step SP 
11. 

[0048] In a step SP 1 1 , it judges whether the envelope calculation section 1 1 is a value higher 
than the threshold to which the maximum x1 1 of the amplitude between [ of a negative region 
AR 2 / CR / 1 1 ] zero crosses is detected, and maximum x1 1 is beforehand set by the envelope 
detection program like a step SP 3 in the negative direction, as shown in drawing 8 . When an 
affirmation result is obtained here (that is, it is a value higher than a threshold in the negative 
direction), it moves to a step SP 1 2, and when a negative result is obtained (that is, it is a value 
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lower than a threshold in the negative direction), detection processing of a step SP 1 1 is 
continued until the maximum yl 1 used as the value higher than a threshold in the negative 
direction is detected. 

[0049] In a step SP 12, the envelope calculation section 1 1 detects maximum x12 of the 
amplitude of CR'2 between the zero crosses next to CR'1 between the zero crosses in which the 
maximum x11 made into the candidate value (sampling point) is contained ( drawing 8 ), and it 
moves from it to a step SP 1 3. 

[0050] In a step SP 1 3, the envelope calculation section 1 1 judges whether it is a value to a 
negative direction with the value higher than maximum x12 which multiplied the value computed 
by the function expressed with f(t) =p (t12-t11) to each maximums x11 and x12 obtained in 
steps SP11 and SP12 like a step SP 5 by maximum x11. Incidentally, for "p", the input audio 
data D10 which are the parameter which can be set as arbitration, for example, are inputted at 
this time are the sampling frequency of 8kHz, and 16 bits of quantization. It is referred to as p= 
90 etc. when it assumes. 

[0051 J As for the envelope calculation section 1 1, the affirmation result was obtained in a step 
SP 13 (). that is, it is a value to a negative direction with the value higher than maximum x12 
which multiplied the value computed by the function expressed with f(t) =p (t12-t1 1) by 
maximum x11 — to a case When it moves to a step SP 14 and a negative result is obtained (that 
is, the value which multiplied the value computed by the function expressed with f(t) -p (t12— tl 1) 
by maximum x1 1 is a value lower than maximum x12 to a negative direction) In a step SP 12 The 
maximum x12 ( drawing 8 ) of the amplitude between zero crosses (CR'3 ... CR'n) is detected 
until the maximum x12 ( drawing 8 ) which is a value higher than the value which multiplied the 
value computed by the function expressed with f(t) =p (t12-t11) by maximum x1 1 to a negative 
direction is detected. 

[0052] In a step SP 14, the envelope calculation section 1 1 performs interpolation processing 
using the linearity linear interpolation approach to the data between the maximum x1 1 made into 
the candidate value (sampling point) of an envelope, and maximum x12, and it moves from it to 
continuing steps SP7 and SP1 5. 

[0053] In a step SP 7, the envelope calculation section 1 1 is outputted to the class classification 
section 14 ( drawing 1 ) by using as the envelope data D1 1 ( drawing 1 ) the data and the 
candidate value (sampling point) between the maximum x1 1 which performed interpolation 
processing, and maximum x12. 

[0054] Moreover, in a step SP 15, the envelope calculation section 1 1 judges whether the input 
audio data D10 inputted from the outside were inputted altogether. If a negative result is 
obtained here, this means the input audio data D10 continuing and being inputted, and at this 
time, the envelope calculation section 1 1 will return to a step SP 1 1 , and will detect again the 
maximum x11 of the amplitude between zero crosses from the negative region AR 2 of the input 
audio data D10. 

[0055] On the other hand, if an affirmation result is obtained in a step SP 15, it means that this 
finished inputting the input audio data D10 altogether, and at this time, it will move to a step SP 
20 and the envelope calculation section 11 will end the envelope calculation procedure RT 1. 
[0056] Thus, the envelope calculation section 11 can compute as a result the envelope data 
(data between a candidate value (sampling point) and the candidate value who performed 
interpolation processing) which may make the smooth envelope ENV5 as shown in drawing 9 in a 
positive region AR 1 f and the smooth envelope ENV6 as shown in drawing 10 in a negative region 
AR 2 generate on real time with an easy envelope calculation algorithm. 

[0057] Next, the study circuit for obtaining beforehand the set of the prediction coefficient for 
every class memorized to the prediction coefficient memory 1 5 mentioned above about drawing 
I by study is explained. 

[0058] In drawing 1 1 , the study circuit 30 receives the teacher audio data D30 of the quality of 
loud sound in the student signal generation filter 37. The student signal generation filter 37 is 
made as [ lengthen / the teacher audio data D30 / for every predetermined time / at the rate of 
infanticide set up by the rate setting signal D39 of infanticide / between predetermined 
samples ]. 
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[0059] In this case, the prediction coefficient generated changes with rates of infanticide in the 
student signal generation filter 37, and the audio data reproduced with the above-mentioned 
audio signal processor 10 according to this also differ. For example, when it is going to improve 
the tone quality of audio data by making a sampling frequency high in the above-mentioned audio 
signal processor 1 0, infanticide processing which reduces a sampling frequency is performed with 
the student signal generation filter 37. Moreover, when aiming at improvement in tone quality by 
compensating the data sample which lacked the input audio data D10 in the above-mentioned 
audio signal processor 10 to this, according to this, it is made as [ perform / infanticide 
processing made to lack a data sample ] with the student signal generation filter 37. 
[0060] In this way, the student signal generation filter 37 generates the student audio data D37 
by predetermined infanticide processing from the teacher audio data 30, and supplies this to the 
envelope calculation section 31, the class classification section extract section 32, and the 
prediction operation part extract section 33, respectively. 

[0061] The envelope calculation section 31 computes that envelope about the wave of each 
divided time domain concerned by the envelope calculation approach mentioned above about 
drawin g 5 , after dividing into the field (it carries out to every the case of the gestalt of this 
operation, 6 [ for example, ], samples) for every predetermined time the student audio data D37 
supplied from the student signal generation filter 37. 

[0062] The envelope calculation section 31 supplies the envelope calculation result of the time 
domain divided at this time of the student audio data D37 to the class classification section 34 
as an envelope data point D31 of the student audio data D37. 

[0063] Moreover, by dividing into the same time domain as the case of the envelope calculation 
section 31, the cases, for example, six samples, of the gestalt of this operation, the student 
audio data D37 supplied from the student signal generation filter 37, the class classification 
section extract section 32 extracts the audio data point D32 which is going to carry out a class 
classification, and supplies this to the class classification section 34. 

[0064] The class classification section 34 is ADRC (Adaptive Dynamic Range Coding) which 
compresses the envelope data point D31 concerned, and generates a compression data pattern 
about the envelope data point D31 corresponding to the audio data point D32 started in the 
class classification extract section 32. It has the circuit section and the class code generating 
circuit section which generates the class code to which the envelope data point D31 belongs. 
[0065] The ADRC circuit section forms pattern compressed data by performing an operation 
which is compressed into 2 bits from 8 bits as opposed to the envelope data point D31. Since 
this ADRC circuit section can perform accommodative quantization and can express the local 
pattern of signal level efficiently by the short word length here, it is used for code generating of 
a class classification of a signal pattern. 

[0066] When it is going to carry out the class classification of the six 8-bit data on an envelope 
wave (envelope data point), it must classify into a huge number 248 of classes, and, specifically, 
the burden on a circuit increases. So, in the class classification section 14 of the gestalt of this 
operation, a class classification is performed based on the pattern compressed data generated in 
the ADRC circuit section prepared in that interior. For example, if 1-bit quantization is 
performed to six envelope data points, six envelope data points can be expressed with 6 bits, 
and it can classify into 26 = 64 class. 

[0067] Here, the ADRC circuit section sets [ the dynamic range of the envelope in the started 
field ] a quantization code to Q for this [ DR and / bit rate ], setting the data level of m and 
each envelope data point as L, and quantizes by dividing equally by the bit length which had 
between the maximum MAX in a field, and the minimum values MIN specified by the same 
operation as above-mentioned (1) type. Supposing six data points on the envelope computed in 
the envelope calculation section 1 in this way consist of 8 bits (m= 8), for example, respectively, 
as for these, each will be compressed into 2 bits in the ADRC circuit section. 
[0068] If the compressed envelope data point is set to qn (n=1-6), respectively, thus, the class 
code generating circuit section prepared in the class classification section 34 Compressed 
envelope data point qn By being based and performing the same operation as above-mentioned 
(2) types The class code class which shows the class to which the block (ql -q6) belongs is 
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computed, and it is the computed class code class concerned. The class code data D34 which 
express are supplied to the prediction coefficient calculation section 36. Incidentally it is the 
envelope data point qn into which n was compressed in (2) types. A number is expressed and, in 
the case of the gestalt of this operation, it is n= 6, and P expresses bit assignment and, in the 
case of the gestalt of this operation, is P= 2. 

[0069] Thus, the class classification section 34 generates the class code data D34 of the 
envelope data point D31 corresponding to the audio data point D32 started in the class 
classification section extract section 32, and supplies this to the prediction coefficient 
calculation section 36. Moreover, the audio data point D33 (x1, x2, xn) of the time-axis field 
corresponding to the class code data D34 is started and supplied to the prediction coefficient 
calculation section 36 in the prediction operation part extract section 33. 
[0070] the class code class and each class code class to which the prediction coefficient 
calculation section 36 was supplied from the class classification section 34 every — a normal 
equation is stood using the started audio data point D33 and the teacher audio data D30 of the 
quality of loud sound supplied from the input edge TIN. 

[0071] namely, the level of n sample of the student audio data D37 — respectively — x1, x2 

xn ****** — the quantization data of the result of having been alike, respectively and having 
performed p-bit ADRC — q1, .., qn ** — it carries out. At this time, the class code class of this 

field is defined like above-mentioned (2) types. And they are x1, x2 , xn about the level of the 

student audio data D37 as mentioned above, respectively. When it carries out and level of the 
teacher audio data D30 of the quality of loud sound is set to y, they are prediction coefficients 
wl, w2, .., wn for every class code. The linearity presumption type of n tap to depend is set up. It 
is this A degree type and [0072] 
[Equation 4] 

y=W] xi +w 3 x» + + w„ x n (4) 

[0073] It carries out. Before study, it is wn. It is an undetermined coefficient. 

[0074] In the study circuit 30, it learns to two or more audio data for every class code. When a 

data measurement size is M, above-mentioned (4) types are followed, and it is a degree type and 

[0075]. 

[Equation 5] 

y* -Wi Xki+Wj x ia + w D x k „ (5) 

[0076] It ******. however, k= — 1 , 2, and .... it is M. 

[0077] In M>n, they are a prediction coefficient w1 and ....wn. Since it is not decided uniquely, it 
is the element of the error vector e A degree type and [0078] 
[Equation 6] 

e* =y k — (wi Xki+Wj x k j + w« x*«) (6) 

[0079] It is defined as alike (however, k= 1, 2, M), and is a degree type and [0080]. 
[Equation 7] 

e 8 = h e\ (7) 

[0081] It asks for the prediction coefficient made into min. It is a solution method by the so- 
called least square method. 

[0082] wn according to (7) types here It asks for a partial differential coefficient. In this case, a 

degree type, [0083] 

[Equation 8] 

3 e 9 m r^ e *i » 

— — — = S 2 e k = £ 2xn*e k 

Bwi 1 dwi J 

= S 2x k »-ei (i = l, 2 n) (8) 
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[0084] What is necessary is just to calculate each wn (n=1-6) so that it may be made 
[0085] And a degree type, [0086] 
[Equation 9] 



X i % — 52 x « i 

p-o 



(9) 



[0087] 

[Equation 10] 

Y i = X, Xfci • y k 



(10) 



[0088] ** — like — Xij and Yi if a definition is given — (8) types — a matrix — using — a 
degree type and [0089] 
Equation 11] 
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[0090] It is expressed by carrying out. 

[0091] Generally this equation is called the normal equation. In addition, it is n= 6 here. 
[0092] the prediction coefficient calculation section 36 after the input of all the data for study 
(the teacher audio data D30, the class code class, and audio data point D33) is completed — 
each class code class the normal equation haying shown in above-mentioned (11) equations — 
standing — this normal equation — sweeping out — general matrix solution methods, such as 
law, — using — every — Wn ******** — it solves and a prediction coefficient is computed for 
every class code. The prediction coefficient calculation section 36 writes each computed 
prediction coefficient (D36) in the prediction coefficient memory 15. 

[0093] As a result of performing such study, in the prediction coefficient memory 15, they are 

the quantization data q1, q6. The prediction coefficient for presuming the audio data y of the 

quality of loud sound is stored for every class code for every pattern specified. This prediction 
coefficient memory 15 is used in the audio signal processor 10 mentioned above about drawing 
1 . By this processing, study of the prediction coefficient for creating the audio data of the 
quality of loud sound from the usual audio data according to a linearity presumption type is 
completed. 

[0094] Thus, the study circuit 30 can generate the prediction coefficient for the interpolation 
processing in the audio signal processor 10 in consideration of extent which performs 
interpolation processing in the audio signal processor 10 by performing infanticide processing of 
the teacher audio data of the quality of loud sound with the student signal generation filter 37. 
[0095] In the above configuration, the audio signal processor 10 computes the envelope in the 
time amount wave field of the input audio data D10 in the envelope calculation section 1 1. This 
envelope changes for every tone quality of the input audio data D10, and the audio signal 
processor 10 specifies that class based on the envelope of the input audio data D10. 
[0096] Beforehand, at the time of study, it asks for the prediction coefficient for obtaining the 
audio data (teacher audio data) of the quality of loud sound without distortion for every class, 
and the audio signal processor 10 carries out the prediction operation of the input audio data 
D10 by which the class classification was carried out based on the envelope with the prediction 
coefficient according to the class. Thereby, since a prediction operation is carried out using the 
prediction coefficient according to the tone quality, tone quality of input audio data D10 
improves to practically sufficient extent. 

[0097] Moreover, even if phase fluctuation arises at the time of class classification adaptation 
processing of the input audio data D10 in the audio signal processor 10 by asking for the 
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prediction coefficient corresponding to each about much teacher audio data with which phases 
differ at the time of the study which generates the prediction coefficient for every class, 
processing corresponding to phase fluctuation can be performed. 

[0098] According to the above configuration, the input audio data D10 are convertible for the 
audio data D16 of the quality of loud sound much more by carrying out the class classification of 
the input audio data D10 based on the envelope in the time amount wave field of the input audio 
data D10, and having been made to carry out the prediction operation of the input audio data 
D10 using the prediction coefficient based on the result concerned by which the class 
classification was carried out. 

[0099] In addition, although the case where the input audio data D10 and D37 were always cut 
down for every fixed range by the class classification section extract sections 12 and 32 and the 
prediction operation part extract sections 13 and 33 was described in the audio signal processor 
10 and study equipment 30 in the gestalt of above-mentioned operation As this invention is 
shown in drawing 12 and drawing 13 which attach and show the same sign to a corresponding 
point not only with this but drawing 1 and drawing 1 1 it is based on the description of the 
envelope computed in the envelope calculation sections 11 and 31. The extract control signals 
CONT11 and CONT31 Adjustable class classification section extract section 12\ You may make 
it control the logging range of the input audio data D10 and D37 by supplying adjustable 
prediction operation part extract section 1 3' and adjustable class classification section extract 
section 32', and adjustable prediction operation part extract section 33'. 

[0100] Moreover, although the case where a class classification was carried out based on the 
envelope data D1 1 was described in the gestalt of above-mentioned operation While this 
invention performs a class classification from the wave of the input audio data D10 not only in 
this but in the class classification section extract section 12 It may be made to perform the 
class classification based on both the waves and envelopes of the input audio data D10 by 
computing the class of an envelope in the envelope calculation section 11, and unifying these 
two class information in the class classification section 14. 

[0101] (2) after the envelope calculation section 1 1 divide into the field (it carry out to every the 
case of the gestalt of this operation, 6 [ for example, ], samples) for every predetermined time 
the input audio data D10 show in drawing 1 5 (A) supplied from the input terminal TIN in drawing 
14 which attach and show the same sign to a corresponding point with gestalt dr awin g 1 of the 
2nd operation, compute that envelope about the wave of each divided time domain concerned by 
the envelope calculation approach mentioned above about drawing 5 . 

[0102] The envelope calculation section 11 supplies the envelope calculation result of the time 
domain divided at this time of the input audio data D10 to the class classification section 14, the 
envelope remainder calculation section 111, and the envelope prediction operation part 1 16 as 
an envelope data point D1 1 ( drawing 15 (C)) of the input audio data D10. 
[0103] By searching for the remainder of the input audio data D10 and the envelope data D1 1 
supplied from the envelope calculation section 1 1 , and normalizing this in the normalization 
section 112, the envelope remainder calculation section 111 extracts the subcarrier D112 
( drawing 15 (B)) of the input audio data D10, and supplies this to the modulation section 117. 
[0104] The class classification section 14 is ADRC (Adaptive DynamicRange Coding) which 
compresses the envelope data point D1 1 concerned, and generates a compression data pattern 
about the envelope data point D11. It has the circuit section and the class code generating 
circuit section which generates the class code to which the envelope data point D11 belongs. 
[0105] The ADRC circuit section forms pattern compressed data by performing an operation 
which is compressed into 2 bits from 8 bits as opposed to the envelope data point D1 1. Since 
this ADRC circuit section can perform accommodative quantization and can express the local 
pattern of signal level efficiently by the short word length here, it is used for code generating of 
a class classification of a signal pattern. 

[0106] When it is going to carry out the class classification of the six 8-bit data on an envelope 
wave (envelope data point), it must classify into a huge number 248 of classes, and, specifically, 
the burden on a circuit increases. So, in the class classification section 14 of the gestalt of this 
operation, a class classification is performed based on the pattern compressed data generated in 
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the ADRC circuit section prepared in that interior. For example, if 1-bit quantization is 
performed to six envelope data points, six envelope data points can be expressed with 6 bits, 
and it can classify into 26 = 64 class. 

[0107] Here, the ADRC circuit section will quantize by dividing equally according to above- 
mentioned (1) type by the bit length which had between the maximum MAX in a field, and the 
minimum values MIN specified, if the data level of m and each envelope data point is set to L and 
a quantization code is set [ the dynamic range of the envelope in the started field ] to Q for this 
[ DR and / bit rate ]. In addition, in (1) type, { } means the cut-off processing below decimal 
point: Supposing six data points on the envelope computed in the envelope calculation section 1 
in this way consist of 8 bits (m= 8), for example, respectively, as for these, each will be 
compressed into 2 bits in the ADRC circuit section. 

[0108] If the compressed envelope data point is set to qn (n=1-6), respectively, thus, the class 
code generating circuit section prepared in the class classification section 14 Compressed 
envelope data point qn By being based and performing the operation shown in above-mentioned 
(2) types Class code class which shows the ciass to which the block (ql -q6) belongs It 
computes and is the computed class code class concerned. The class code data D14 which 
express are supplied to the prediction coefficient memory 1 5. This class code class The read- 
out address at the time of reading a prediction coefficient from the prediction coefficient 
memory 15 is shown. 

[0109] Thus, the class classification section 14 generates the class code data D14 of the 
envelope data point D11, and supplies this to the prediction coefficient memory 15. 
[01 10] Set W1 -Wn of the prediction coefficient which the set of the prediction coefficient 
corresponding to each class code is memorized to the address corresponding to a class code by 
the prediction coefficient memory 15, respectively, and is memorized to the address 
corresponding to the class code concerned based on the class code data D14 supplied from the 
class classification section 14 It is read and the envelope prediction operation part 1 16 is 
supplied. 

[01 1 1] The envelope prediction operation part 116 is the envelope data point D1 1 (X1 -Xn) 
computed in the envelope calculation section 1 1 , and prediction coefficient W1 -Wn. It receives 
and prediction result y is obtained by performing the sum-of^products operation shown in 
above-mentioned (3) types. This forecast y' is supplied to the modulation section 1 1 7 as 
envelope data D1 16 ( drawing 14 (C)) of the audio data with which tone quality has been 
improved. 

[01 12] In this way, by modulating the subcarrier D1 12 supplied from the envelope remainder 
calculation section 1 1 1 with the envelope data D1 16, the modulation section 117 generates the 
audio data D1 17 with which tone quality as shown in drawing 15 (D) has been improved, and 
outputs this. Incidentally, drawing 1 6 shows the procedure of the class classification adaptation 
processing in the audio signal processor 100, and if the audio signal processor 100 goes into the 
procedure concerned from a step SP 1 1 1 , it will compute the envelope of the input audio data 
D10 in the envelope calculation section 11 in the continuing step SP 112. 

[0113] This computed envelope expresses the description of the input audio data D10, and the 
audio signal processor 10 moves to a step SP 113, and classifies a class according to the class 
classification section 14 based on an envelope. And the audio signal processor 100 reads a 
prediction coefficient from the prediction coefficient memory 1 15 using the class code obtained 
as a result of the class classification. This prediction coefficient corresponds for every class by 
study beforehand, and is stored, and the audio signal processor 100 can use the prediction 
coefficient corresponding to the description of the envelope at this time by reading the 
prediction coefficient corresponding to a class code. 

[0114] The prediction coefficient read from the prediction coefficient memory 115 is used for 
the prediction operation of the envelope prediction operation part 1 16 in a step SP 1 14. A new 
envelope for this to obtain the audio data D1 17 considered as a request by the prediction 
operation which was adapted for the description of the envelope of the input audio data D10 is 
computed. If a new envelope is computed in a step SP 114, the audio signal processor 100 will 
obtain the audio data D1 17 which consider the subcarrier of the input audio data D10 as a 
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request by becoming irregular by the new envelope in the continuing step SP 115. 
[0115] In this way, the input audio data D10 are changed into the audio data D1 17 with which the 
tone quality has been improved, and the audio signal processor 100 moves to a step SP 116, and 
ends the procedure concerned. 

[01 1 6] Next, the study circuit for obtaining beforehand the set of the prediction coefficient for 
every class memorized to the prediction coefficient memory 15 mentioned above about drawing 
14 by study is explained. 

[0117] In drawing 16 which attaches and shows the same sign to a corresponding point with 
d rawing 10 , the study circuit 130 receives the teacher audio data D130 of the quality of loud 
sound in the student signal generation filter 37. The student signal generation filter 37 is made as 
[ lengthen / the teacher audio data D130 / for every predetermined time / at the rate of 
infanticide set up by the rate setting signal D39 of infanticide / between predetermined 
samples ]. 

[0118] In this case, the prediction coefficient generated changes with rates of infanticide in the 
student signal generation filter 37, and the audio data reproduced with the above-mentioned 
audio signal processor 100 according to this also differ. For example, when it is going to improve 
the tone quality of audio data by making a sampling frequency high in the above-mentioned audio 
signal processor 100, infanticide processing which reduces a sampling frequency is performed 
with the student signal generation filter 37. Moreover, when aiming at improvement in tone 
quality by compensating the data sample which lacked the input audio data D10 in the above- 
mentioned audio signal processor 1 00 to this, according to this, it is made as [ perform / 
infanticide processing made to lack a data sample ] with the student signal generation filter 37. 
[0119] In this way, the student signal generation filter 37 generates the student audio data D37 
by predetermined infanticide processing from the teacher audio data D130, and supplies this to 
the envelope calculation section 31. 

[0120] The envelope calculation section 31 computes that envelope about the wave of each 
divided time domain concerned by the envelope calculation approach mentioned above about 
drawing 4 , after dividing into the field (it carries out to every the case of the gestalt of this 
operation, 6 [ for example, ], samples) for every predetermined time the student audio data D37 
supplied from the student signal generation filter 37. 

[0121] The envelope calculation section 31 supplies the envelope calculation result of the time 
domain divided at this time of the student audio data D37 to the class classification section 34 
as an envelope data point D31 of the student audio data D37. 

[0122] The class classification section 34 is ADRC (Adaptive Dynamic Range Coding) which 
compresses the envelope data point D31 and generates a compression data pattern. It has the 
circuit section and the class code generating circuit section which generates the class code to 
which the envelope data point D31 belongs. 

[0123] The ADRC circuit section forms pattern compressed data by performing an operation 
which is compressed into 2 bits from 8 bits as opposed to the envelope data point D31. Since 
this ADRC circuit section can perform accommodative quantization and can express the local 
pattern of signal level efficiently by the short word length here, it is used for code generating of 
a class classification of a signal pattern. 

[0124] When it is going to carry out the class classification of the six 8-bit data on an envelope 
wave (envelope data point), it must classify into a huge number 248 of classes, and, specifically, 
the burden on a circuit increases. So, in the class classification section 14 of the gestalt of this 
operation, a class classification is performed based on the pattern compressed data generated in 
the ADRC circuit section prepared in that interior. For example, if 1-bit quantization is 
performed to six envelope data points, six envelope data points can be expressed with 6 bits, 
and it can classify into 26 = 64 class. 

[0125] Here, the ADRC circuit section sets [ the dynamic range of the envelope in the started 
field ] a quantization code to Q for this [ DR and / bit rate ], setting the data level of m and 
each envelope data point as L, and quantizes by dividing equally by the bit length which had 
between the maximum MAX in a field, and the minimum values MIN specified by the same 
operation as above-mentioned (1) type. Supposing six data points on the envelope computed in 
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the envelope calculation section 1 in this way consist of 8 bits (m= 8), for example, respectively, 

as for these, each will be compressed into 2 bits in the ADRC circuit section. 

[0126] If the compressed envelope data point is set to qn (n=1-6), respectively, thus, the class 

code generating circuit section prepared in the class classification section 34 Compressed 

envelope data point qn By being based and performing the same operation as above-mentioned 

(2) types The class code class which shows the class to which the block (q1 -q6) belongs is 

computed, and it is the computed class code class concerned. The class code data D34 which 

express are supplied to the prediction coefficient calculation section 136. 

[0127] Thus, the class classification section 34 generates the class code data D34 of the 

envelope data point D31, and supplies this to the prediction coefficient calculation section 136. 

Moreover, the envelope data point D31 (x1, x2, xn) computed based on the student audio data 

D37 is supplied to the prediction coefficient calculation section 1 36. 

[01 28] class code class to which the prediction coefficient calculation section 1 36 was supplied 
from the class classification section 34 the student audio data D37 — being based — each class 
code class every — a normai equation is stood using the envelope data carrier D135 ( drawing 
15 (B)) extracted from the computed envelope data point D31 and the teacher audio data D130 
supplied from the input edge TIN in the envelope calculation section 1 35. 
[0129] namely, the level of n sample of the envelope data point D31 computed based on the 

student audio data D37 — respectively — x1, x2 , xn ****** — the quantization data of the 

result of having been alike, respectively and having performed p-bit ADRC — ql, .., qn ** — it 
carries out. At this time, it is the class code class of this field. A definition is given like above- 
mentioned (2) types. And they are x1, x2 f xn, respectively about the level of the envelope 

data point D31 computed based on the student audio data D37 as mentioned above. When it 
carries out and level of an envelope wave of the teacher audio data D130 of the quality of loud 
sound is set to y, they are a prediction coefficient w1, and w2, .., wn for every class code. The 
linearity presumption type of n tap to depend is set up. Let this be above-mentioned (4) types. 
Before study, it is wn. It is an undetermined coefficient. 

[0130] In the study circuit 130, it learns to two or more audio data (envelope) for every class 
code. When a data measurement size is M, above-mentioned (5) types are set up according to 
above-mentioned (4) types, however, k= — 1 , 2, and .... it is M. 

[0131] In M>n, they are a prediction coefficient w1 and ....wn. Since it is not decided uniquely, (6) 
types define the element of the error vector e (however, k= 1 , 2, .., M), and it asks for the 
prediction coefficient which makes (7) types min. It is a solution method by the so-called least 
square method. 

[0132] wn according to (7) types here It asks for a partial differential coefficient. In this case, 
what is necessary is just to calculate each Wn (n=1-6) so that (8) types may be set to "0." 
[0133] And they are Xij and Yi like (9) types and (10) types. A definition expresses (8) types as 
(11) types using a matrix. 

[0134] Generally this equation is called the normal equation. In addition, it is n= 6 here. 
[0135] the prediction coefficient calculation section 36 after the input of all the data for study 
(the teacher audio data D30, the class code class, and audio data point D33) is completed — 
each class code class the normal equation having shown in above-mentioned (11) equations — 
standing — this normal equation — sweeping out — general matrix solution methods, such as 
law, — using — every — Wn ******** — it solves and a prediction coefficient is computed for 
every class code. The prediction coefficient calculation section 36 writes each computed 
prediction coefficient (D36) in the prediction coefficient memory 15. 

[0136] As a result of performing such study, in the prediction coefficient memory 15, they are 
the quantization data ql, q6. The prediction coefficient for presuming the audio data y of the 
quality of loud sound is stored for every class code for every pattern specified. This prediction 
coefficient memory 15 is used in the audio signal processor 100 mentioned above about drawing 
14 . By this processing, study of the prediction coefficient for creating the audio data of the 
quality of loud sound from the usual audio data according to a linearity presumption type is 
completed. Incidentally, as an approach of creating the audio data of the quality of loud sound 
from the usual audio data, not only a linearity presumption type but various approaches can be 
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applied. 

[0137] Thus, the study circuit 130 can generate the prediction coefficient for the interpolation 
processing in the audio signal processor 100 in consideration of extent which performs 
interpolation processing in the audio signal processor 1 00 by performing infanticide processing of 
the teacher audio data of the quality of loud sound with the student signal generation filter 37. 
[0138] In the above configuration, the audio signal processor 100 computes the envelope in the 
time amount wave field of the input audio data D10 in the envelope calculation section 11. This 
envelope changes for every tone quality of the input audio data D10, and the audio signal 
processor 100 specifies that class based on the envelope of the input audio data D10. 
[0139] Beforehand, at the time of study, it asks for the prediction coefficient for obtaining the 
audio data (teacher audio data) of the quality of loud sound without distortion for every class, 
and the audio signal processor 10 carries out the prediction operation of the envelope of the 
input audio data D10 by which the class classification was carried out based on the envelope 
with the prediction coefficient according to the class. Thereby, since the prediction operation of 
the envelope of the input audio data D10 is carried out using the prediction coefficient according 
to the tone quality, the envelope of the audio data wave whose tone quality improved to 
practically sufficient extent is obtained. The audio data whose tone quality improved are obtained 
by modulating a subcarrier based on this envelope. 

[0140] Moreover, even if phase fluctuation arises at the time of class classification adaptation 
processing of the input audio data D10 in the audio signal processor 100 by asking for the 
prediction coefficient corresponding to each about much teacher audio data with which phases 
differ at the time of the study which generates the prediction coefficient for every class, 
processing corresponding to phase fluctuation can be performed. 

[0141] According to the above configuration, the envelope which can change the input audio 
data D10 into the audio data D117 of the quality of loud sound much more is generable by 
carrying out the class classification of the input audio data D10 based on the envelope in the 
time amount wave field of the input audio data D 10, and having been made to carry out the 
prediction operation of the envelope of the input audio data D10 using the prediction coefficient 
based on the result concerned by which the class classification was carried out. 
[0142] Moreover, although the case where a class classification was carried out based on the 
envelope data D1 1 was described in the gestalt of above-mentioned operation While this 
invention inputs the input audio data D10 not only into this but into the class classification 
section 14 and performing the class classification based on the wave of the input audio data D10 
in the class classification section 1 4 concerned It may be made to perform the class 
classification based on both input audio both waves and envelopes D10 by performing the class 
classification of an envelope in the envelope calculation section 11, and unifying these two 
classes in the class classification section 14. 

[01 43] (3) it is the gestalt of other operations — although the case where the envelope 
calculation approach mentioned above about drawing 5 was used in the gestalt of above- 
mentioned operation was described — this invention — not only this — for example, other 
various envelope calculation approaches, such as an approach of only connecting peak value, are 
applicable. 

[0144] moreover, the result of in short having learned this invention not only in this although the 
case where the technique by linearity primary was used as a prediction method was described in 
the gestalt of above-mentioned operation — using — it makes — ****ing — for example, — 
many — when the technique by degree function and the digital data further supplied from an 
input terminal TIN are image data, various prediction methods, such as technique predicted from 
the pixel value itself, can be applied. 

[0145] moreover — although the case where ADRC generated a compression data pattern in the 
class classification section 14 was described in the gestalt of above-mentioned operation — this 
invention — not only this but reversible coding (DPCM:Differrential Pulse Code Modulation) Or 
vector quantization (VQ:Vector Quantize) etc. — you may make it use a compression means 
[0146] Moreover, in the gestalt of above-mentioned operation, although the case where a 
predetermined measurement size was thinned out in the student signal generation filter 37 of the 
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study circuit 30 was described, this invention can apply other various approaches, such as 
reducing not only this but the number of bits. 

[0147] Moreover, in the gestalt of above-mentioned operation, although the case where this 
invention was applied to the equipment which processes audio data was described, this invention 
can be widely applied, when changing not only this but image data, and other various data. 
[0148] 

[Effect of the Invention] According to this invention, conversion which was adapted for the 
description of an input digital signal much more can be performed as mentioned above by 
classifying the class of an input digital signal based on the envelope of an input digital signal, and 
having changed the input digital signal by the prediction method corresponding to the classified 
class concerned. 



[Translation done.] 
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* NOTICES * 

Japan Patent Office is not responsible for any 
damages caused by the use of this translation. 

1 This document has been translated by computer. So the translation may not reflect the original 
precisely. 

2.**** shows the word which can not be translated. 
3.1n the drawings, any words are not translated. 



DESCRIPTION OF DRAWINGS 



[Brief Description of the Drawings] 

[Drawing 1] It is the block diagram showing the gestalt of operation of the 1st of the digital- 
signal-processing equipment by this invention. 

[Drawing 2] It is the signal waveform diagram with which explanation of the class classification 
adaptation processing using an envelope is presented. 

[Drawing 3] It is the block diagram showing the configuration of an audio signal processor. 
[Drawing 4] It is the flow chart which shows the audio signal transform-processing procedure of 
the gestalt of the 1 st operation. 

[Drawing 5] It is the flow chart which shows the calculation procedure of an envelope. 
[ Drawing 6] It is the signal waveform diagram with which explanation of the calculation approach 
of an envelope is presented. 

[ Drawing 7] It is the signal waveform diagram with which explanation of the calculation approach 
of an envelope is presented. 

[Drawing 8] It is the signal waveform diagram with which explanation of the calculation approach 
of an envelope is presented. 

[Drawing 9] It is the signal waveform diagram with which explanation of the calculation approach 
of an envelope is presented. 

[Drawing 10] It is the signal waveform diagram with which explanation of the calculation approach 
of an envelope is presented. 

[Drawing 11] It is the block diagram showing the gestalt of operation of the 1st of the study 
equipment by this invention. 

[Drawing 12] It is the block diagram showing the gestalt of other operations of digital-signal- 
processing equipment. 

[Drawing 1 3] It is the block diagram showing the gestalt of other operations of study equipment. 
[Drawing 14] It is the block diagram showing the gestalt of operation of the 2nd of the digital- 
signal-processing equipment by this invention. 

[Drawing 15] It is the signal waveform diagram with which explanation of the class classification 
adaptation processing by the gestalt of the 2nd operation is presented. 

[Drawing 16] It is the flow chart which shows the audio signal transform-processing procedure of 
the gestalt of the 2nd operation. 

[Drawing 1 7] It is the block diagram showing the gestalt of operation of the 2nd of the study 
equipment by this invention. 
[Description of Notations] 

10,100 [.. A prediction coefficient memory, 16 / .. Prediction operation part, 36 / .. The 
prediction coefficient calculation section, 37 / .. A student signal generation filter, 111 / .. The 
envelope remainder calculation section, 112 / .. The normalization section, 116/.. Envelope 
prediction operation part, 117 / Modulation section ] .... 11 An audio signal processor, 31 .. 14 
The envelope calculation section, 34 .. The class classification section, 15,115 
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